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Related Docxjments 

[0001] The benefit of U.S. Provisional application No. 
60/464,617, filed on April 23, 2003, is hereby claimed. 

[0002] A partial summary is provided helow, preceding the 
claims . 

10003] The inventions disclosed herein will be understood with 
regard to the following description, appended claims and 
accompanying drawings, where: 

BRIEF DE SCRIPTION OF THE DRAWINGS 

[0004] Fig. 1 is a schematic representation of a prior art hand 
held transceiver and a talker, showing acoustic background 
noise and radiated soxind; 

[0005] Fig. 2 is a schematic representation of an embodiment of 
a hand held transceiver of an invention hereof and a talker; 

[0006] Fig. 3A is an end view from the lines AA of Fig. 3B, of 
a microphone pair and loudspeaker assembly of an embodiment' of 
a hand held transceiver of an invention hereof; 

[0007] Fig. 3B is a cross-sectional view across the lines BB of 
Fxg. 3A, of a microphone pair and loudspeaker assembly of an 
embodiment of a hand held transceiver of an invention hereof; 

[0008] Fig. 4 is a schematic representation of system elements 
of an electro-acoustical circuit including a talker, a power 
source that drives a loudspeaker and a microphone array; 
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10009] Fig. 5 shows scheiaatically hardware and a rbutine for 
adaptively updating variable coefficient filter of an invention 
hereof; 

[0010] Fig. 6 is a schematic representation of hardware 
components of a transducer of an invention hereof; 

[0011] Fig. 7 is a schematic representation showing an 
embodiment of an inventibn having only a loudspeaker and a 
single microphone; 

[0012] Fig. 8 is a schematic representation showing directional 
radxation of a dipole generator, of a talker and a loudspeaker; 

[0013] Fig. 9 is a graphical representation of a directional 
sensitivity (directivity) plot of an omni -directional 
microphone pair transducer that transduces pressure derivative 
and uses an equal microphone weighting for P^; 

[0014] Fig. 10 is a graphical representation of a cardioid 
directional sensitivity plot of a microphone pair transducer 
that transduces pressure derivative and uses unequal, 
specifically tailored microphone weightings; 

[0015] Fig. 11 is a schematic representation showing relative 
locations of three microphones in an array of an invention 
hereof ; 

[0016] Fig. 12 is a schematic representation showing a 
directional sensitivity plot for a three microphone array as 
shown in Pig. 11, when weighted for p, as described in the 
specification, which is highly sensitive toward one direction 
where a talker may be located, and insensitive toward other 
directions; 

[0017] Pig. 13 is a schematic graphical representation showing 
the ratios of: on the vertical axis log scale, amount of sound 
power radiated away from the combination of loudspeaker and 
talker; to a talker alone, and, on the horizontal axis, 
amplitude of volume velocity of loudspeaker relative to that of 
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a talker alone for different combinations of spectral 
frec[uencies and separation from talker to loudspeaker; and 

[0018] Fig. 14 is a schematic graphical representation showing 
the fluid acceleration at different locations within an 
acoustic medium in a region between a talker and a loudspeaker 
relative to acceleration due to the talker alone at the 
midpoint of the line TL. 

Nomenclature 

[0019] The following symbols and abbreviations are lised herein: 
a(t) acceleration of air particles as a function of time; 
p density of acoustic medium; 

Pi/ P2 sound pressure; if lower case, in the time domain, 
if upper case, in the frequency domain; 

Pt sum of sound pressure attributable to talker or 
source of interest, which can be weighted which weighting 
should be regarded as a frequency domain procedure, even though 
in some cases the weighting is multiplication by a constant; 

Ap estimation of spatial derivative of sound pressure.; 

dp/dx spatial derivative of sound pressure along x 
dimension; 

e maximum threshold against which to minimize p^; 

Uj^ acoustic signal (voloime velocity) from loudspeaker; 

acoustic signal (volume velocity) from talker; 

electronic signal to drive loudspeaker; 
A wavelength of sound; 

■C^LMb separation loudspeaker to nearest microphone; 
•Daste separation from talker to nearest microphone; 
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d separation from talker to loudspeaker; 
h separation between adjacent microphones ' 
27td/A; 

K(z} frequency dependent gain of adaptive filter; 

DETAILED DESCRIPTTow 

[0020] Three design problems are inherent in telephonic and- 
other communications systems that have as a goal, transduction 
and transmission of sound produced by a source, particularly a 
human talker. These difficulties are shown schematically with 
reference to Fig. l, a schematic of a talker 106 using a 
conventional handheld transducer 100. The difficulties 
include: (1) sensitivity to acoustical background noise (ABN) 
that interferes with understanding; (2) limited privacy, due to 
radiation of sound (RS) to others in the local environment of 
the talker, allowing them to overhear what the talker has said- 
and (3) sensitivity to wind noise WN produced primarily by 
locally generated turbulence. The sensitivity to background 
noise and privacy/radiation problems are closely related 
although not identical. if the talker's lips 102 are very 
close to a transducer microphone 104, these two concerns may be 
related through reciprocity. Namely, if sound (e.g. acoustic- 
background noise) is well received from a given direction, 
sound will, by reciprocity, be well radiated back into that 
same direction (e.g. as radiated sound). 

£0021] Military and industrial systems in general have the 
background noise problem, because they often operate in regions 
of high noise level. Cell phones and other telephonic, or 
handheld communication systems, such as short range radio 
transceivers, for which privacy is an issue, often have the 
sound radiation problem. 

r00223 Noise due to turbulence WN is usually addressed by 
surrounding a pickup transducer, such as a microphone, with a 
windscreen. Windscreens are commonly made from a porous (open 
cell) plastic foam material. These windscreens can be 



-4- 



wo 2004/095878 PCT/US2004/012363 
effective, but their potentially large size can be a problem. 
Further, in a high wind, they lose their effectiveness. 
Microphone arrays can also reduce sensitivity to local pressure 
fluctuations produced by turbulence, but at a penalty related 
to overall transducer size, complexity, and cost. 

[0023] As cellular phones become more widely used, the need to 
reduce both the acoustic noise and radiated sound problems is 
increasing. People are becoming more dependant on being able to 
use their cellular phones in less traditional places, including 
those that are noisier than a typical indoor landline telephone 
environment, such as, outdoors, near to road traffic; in 
automobiles with road and wind noise, in crowded public places, 
full of the sounds of other people's conversations (many on 
their cellular telephones); in airplanes, trains, hospitals, 
and from emergency situations. Similarly, people are also 
using cellular telephones from locations that have 
traditionally been free of the sort of potentially private, or 
inappropriate conversations that people have on telephones, 
such as are now being heard in restaurants, libraries, 
theaters, museums, hospitals, schools, multi user offices, 
doctors' offices, trains, airplanes, etc. 

[0024] Related to the radiation problem is that a cellular 
phone talker may often not realize that he or she is speaking 
much louder than necessary, and whether necessary or not, much 
louder than others nearby would wish. The same observations 
apply to the use of other forms of handheld communication 
devices, such as short and medium range radio transmitters of 
the Family Radio Service (FRS) type, or walkie-talkies, which 
are common, although not as of this writing as common as 
cellular telephones. In addition to hand-held, head mounted 
communication devices, such as the headsets used by National 
Football League coaches, available from Motorola corporation, 
which include a head band and a boom mounted microphone, also 
are appropriate subjects for inventions hereof. Another system 
that suffers from the same problems are local public address 
systems, in which a talker speaks or sings into a microphone, 
which signal is then transmitted to a loudspeaker or • 
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loudspeakers, which convey the spoken amplified sound to an 
audience in an auditorium or stadium. 

[0025] Thus, there is a great need for a handheld communication 
system that can reduce the sensitivity of any transmitted 
electronic signal to acoustic background noise. Similarly, 
there is a need for such a handheld communication system that 
can reduce the sensitivity of any transmitted electronic signal 
to local turbulent noise. Additionally, there is a significant 
need for such a handheld communication system that exhibits 
reduced radiated soxand from the user /talker to the talker's 
local environment, particularly, to nearby people. 

Siimmarv 

[0026] A new transducer is disclosed herein for sensing sounds 
produced by a talker by measuring the acceleration of the air 
at the transducer. Further, enhancement of this acceleration 
is accompanied by reduction of the portion of the sound energy 
that escapes from the regions around the transducer. The 
result is a high sensitivity transducer, with increased privacy 
as a result of the reduction in radiated sound, with 
significant advantages for use in communication systems, 
especially cell phones and in a multi-person office 
environment. A pressure sensor array with a weighted output is 
designed to as much as possible be sensitive to sound from a 
source talker only, and not to acoustic background noise, and 
not to a local loudspeaker, mentioned below. The weighted 
signal is a source/talker sma pressure signal. The array also 
produces a signal (using a different weighting) that 
corresponds to an estimate of a derivative of pressure. The 
derivative signal is proportional to the volume velocity 
fluctuations produced by the source. This signal is enhanced, 
rather than reduced, by other operations of the transducer 
described below. Thus, it is a strong signal. The other" 
operations are that a local loudspeaker is driven to make the 
talker sum pressure signal that corresponds to the source 
talker as small as desired. In order to do that, it must be so 
that the loudspeaker is being driven such that the volume 
velocity fluctuations produced by the loudspeaker are 
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approximately equal and opposite to the volume velocity 
fluctuations produced by the source talker. Thus, no 
compression of the air arises due to the talker, and no sound 
is radiated into the far field. All of this happens because 
the system is driven to reduce the talker pressure sum signal 
to below a desired threshold. It is not necessary to directly 
measure the volume velocity fluctuations of the talker source. 

Detailed Discussion 

[0027] A conventional microphone measures sound pressure (the 
fluctuating part of the fluid pressure due to fluid 
compression) at its location. For purposes of illustration, 
the following discussion pertains to sound production in air. 
However, inventions disclosed herein may also be practiced in 
other fluid media for acoustic transmission, such as relatively 
compressible gases or in relatively incompressible liquids such 
as water. An invention hereof, schematically illustrated with 
reference to Fig. 2, is the realization that a transducer 2 00 
that measures and also significantly enhances the acceleration 
of air particles in front of a talker's mouth 202, as compared 
to the talker alone, rather than simply measuring air pressure, 
provides advantageous results. Such an acceleration based 
transducer 200 can be configured to be most sensitive to sound 
produced by the talker 206 .as compared to other acoustic 
background noise (ABN) , and also to reduce radiated sound (RS) 
that would otherwise radiate away from the talker 206 alone and 
be heard by others. A general representative layout of an 
embodiment of a transducer's components is illustrated in Fig. 
2. 

[0028] A microphone array 208 consists of two or more closely 
spaced microphones 210a and 210b. (An additional embodiment, 
having only a single microphone, is discussed below.) 

[0029] The transducer also includes a loudspeaker 212. The 
loudspeaker is different from a standard ear-piece loudspeaker 
for producing the sound of incoming calls to which a user 
listens. The loudspeaker used in the present inventions is 
nearer to a user's mouth than to the user's ear, when the 
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device is in use. The lips 202 and nose 203 of a talker 206 
produce voliime velocity that is subsequently drawn in by the 
loudspeaker 212. If the microphones 210a, 210b,-.. 210n are 
close together (within about one-sixth of a wavelength of sound 
at the highest frequency of interest) , then inertial effects of 
the air (represented by an acoustic mass) dominate the pressure 
difference between the microphones. (The frequency range of 
interest for an important embodiment of inventions disclosed 
herein is that of human speech, from about 200 Hz to about 3 000 
Hz, with corresponding wavelengths of between 180 cm and 12 cm 
and therefore, the length of 1/6 the shortest wavelength is 
less than 2 cm.) It is also important that the distance 
between the loudspeaker and the closest microphone (See Fig. 5) 
be less than about one-sixth this wavelength, so that inertial 
effects dominate the region. For the same reason it is 
beneficial, although not as critical, that the distance 
between the talker and the nearest microphone also be less than 
the same measure. Although one-sixth the smallest wavelength 
is the theoretical limit for inertial effects, it is not a 
bright-line boundary, and some benefit may be achieved if the 
relevant distances are slightly larger than the 1/6 wavelength 
stated measure, even up to as large as one- third the smallest 
wavelength in some cases. 

[0030] If the loudspeaker 212 draws in volume velocity 
fluctuations [7^ at the same rate as the talker produces volume 
velocity fluctuations U^, then the pressure, and consequently, 
the compression of the air at the array, is reduced 
significantly as compared to the compression that would exist 
in the presence of the talker alone. Therefore, the sound 
produced, that is, the sound pressure, radiated away from the 
talker/ loudspeaker complex, will be relatively weak, as 
compared to the sound pressure that would be produced by the 
talker 206 alone. This is because volume velocity fluctuations 
do not escape the locus of the transducer to produce sound RS 
that is radiated away from the talker 206. Basically, the 
volume velocity fluctuations from the loudspeaker combine with 
that from the talker and prevents the compression of air in the 
near (inertial) field and any consequent radiation of sound. 
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Conversely, under these circumstances, the pressure gradient, 
and thus the pressure derivative along a line from the talker 
to the loudspeaker at the microphone array, is increased, as 
compared to what would exist with a talker alone. 

[0031] Although the sotind pressure and air compression at the 
array are significantly reduced, the air in the immediate 
region between the talker and the loudspeaker, namely, in the 
locus of the transducer array 208, is accelerated to a degree 
that is proportional to the pressure derivative along a line, 
at this locus. The temporal variations in air acceleration and 
in pressure derivative also correspond proportionally to the 
sound signal generated by the talker, in a manner similar to 
that of uncancelled sound pressure. Thus, to embody the signal 
that signifies the spoken sounds to be communicated, it is not 
necessary to measure sound pressure, which has been 
significantly reduced, and transduce that measured, reduced 
pressure into an electronic signal that is then transmitted. 
Rather, an embodiment of an invention hereof measures variation 
over time in air acceleration along a line from talker to 
loudspeaker and transduces that variation into an electronic 
signal that is transmitted to embody the signal that signifies 
the spoken sounds to be communicated. 

[0032] Acceleration can be measured directly in any appropriate 
way, such as by laser doppler, or, it can be inferred, such as 
by estimating a derivative of pressure, to which acceleration 
is proportional, related by density of the medium. The 
appropriate derivative is that along the line from the talker 
to the loudspeaker. At the time, of this writing, it is 
believed that it is more practical to infer acceleration from 
measured or estimated pressure derivative, than to measure 
acceleration more directly. Thus, the following discussion 
focuses on measuring and using pressure derivative data, using 
spaced microphones. However, it should be understood that 
acceleration data can be more directly measured and used 
analogously. 

[0033] A spatial pressure derivative signal would be estimable 
even if the acoustic mediiam were much less compressible than 
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air, such as is water. That allows an embodiment of an 
invention hereof to be used in water and further is an 
important factor in reduced sensitivity to ambient sounds of a 
system that transmits a signal based on a pressure spatial 
derivative and reduction of radiated sound. 

t0034] This is because, although strictly speaking, sound 
pressure refers to that part of the fluctuating pressure that 
IS produced by air compression, an incompressible time varying 
flow will not have compression, but will have a fluctuating 
pressure that could be heard if one's ear were to be in the 
midst of it. From the point of view of physics, the 
incompressible fluid does not carry sound waves, but from the 
perceptual point of view, it is appropriate to call it sound. A 
compressible fluid carries both types of fluctuation. An 
invention hereof tries to keep the compressible part from being 
generated by sucking up the air-flow from the talker and 
creating a local incompressible flow between the talker and the 
loudspeaker, measured by the microphones, through the pressure 
derivative of the flow. 

C00353 A transducer of an invention hereof deliberately reduces 
the radiated sound pressure produced by the talker, while it 
increases the oscillatory, back and forth, or sloshing flow of 
air past the microphone pair 210a, 210b, and thus, increases 
the pressure derivative. Known pressure gradient microphones 
also measure the acceleration of the air. But, they do not 
also increase the acceleration and reduce compression and they 
do not use a local loudspeaker, as does an invention hereof. 

[0036] To increase noise immunity from turbulent airflow in the 
immediate vicinity of the microphone array 208, a shroud 214 
such as the one shown in Fig. 2, and in Pigs. 3A and 3B, can be 
incorporated into a handheld transducer. (The shroud also can 
reduce sensitivity to ambient noise.) A shroud 214 can be 
optimized to reduce the effects of turbulenc'e. A porous foam 
windscreen can also be incorporated into this transducer. Pig 
3A IS an end view of the embodiment shown in Pig. 3b, from 
arrows A-A. Pig. 3B is a cross-section of the embodiment shown 
m Fig. 3A, along the lines BB. 
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Analysis and Operation 

[0037] A schematic representation of acoustic elements of one 
embodiment of a transducer system of an invention hereof is 
shown in Fig. 4 which corresponds also to the elements shown in 
Fig. 2. The diagram of Fig. 4 is an electro-acoustic circuit 
since it involves both electrical and acoustical variables. The 
physical transducer elements for the embodiment shown are a 
pair of microphones 210a, 210b that measure sound pressure and 
a small loudspeaker 212. The loudspeaker 212 is driven by an 
electrical signal V^, as discussed below, proportional to a 
difference in outputs from the microphones 210a and 210b in 
such a way that also leads to significantly reducing a pressure 
quantity p, that is attributable to the talker, as measured by a 
sum of the microphone outputs, also discussed below. Both the 
difference and the sum may be simple, or weighted, also as 
discussed below. In general,' the symbol Ap is used below to 
indicate an estimate of a pressure derivative. Thus, in 
general, Ap is an estimate of spatial derivative dp/dx, based 
on microphone weightings. 

[0038] The talker 206 generates an acoustic volume velocity 
signal C7, that is transmitted through the air to one microphone 
210a of the array. The transmission is characterized by a T- 
shaped network H^. Pressure at that microphone being 
represented as p,. The flow disturbance due to that 
originates at the talker is transmitted further to the second 
microphone 210b of the pair, the transmission characterized by 
a transmission element H,, the pressure at that second 
microphone being represented as p^. 

[0039] A transducer (in this case a loudspeaker 212) is 
incorporated into such a circuit diagram as a T-shaped network 
H„, which represents the electronic-to-acoustic transduction 
elements, and a T-shaped network H^,. which represents the 
transmission from the acoustical output of the loudspeaker, 
through air, to the closest, nominally second microphone, 210b 
The composite electro-acoustical transmission element H^, which 
includes the two elements H„ and H^. represents the electronic 
and acoustic elements of the loudspeaker and transmission 
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through the acoustic medium to the second microphone 210b. The 
acoustic signal V^, originating at the loudspeaker 212, is also 
transmitted through the acoustic medium, e.g,, air to the first 
mentioned microphone 210a, The transmission is also 
characterized by the same acoustic network element Hj^, and also 
contributes to the pressure Px at that first mentioned 
microphone 210a. The network element characterizes 
transmission through the air between the microphones, in either 
direction. 

[0040] The loudspeaker electric input signal Vi,, is selected in 
a manner discussed below, to generate an acoustic loudspeaker 
output signal CJ^, that will minimize or at least reduce below a 
threshold, e the sxm of the pressures and for this basic 
two microphone array. Such minimization, or reduction, will 
automatically increase an estimate of pressure derivative 
signal Ap, which can be transmitted to a remote receiver. The 
manner in which the talker pressure sum signal p^ is composed 
from the microphone signals (by which it is meant the 
microphone weightings in the sum) has a dominating effect on 
the directional sensitivity of the microphone array. Thus, the 
manner in which the talker pressure sum p^ is composed can be 
chosen to reduce or minimize, the signal due to ambient sources 
other than the talker. Combining signals from a microphone 
array to enhance directivity toward a talker and combining 
those signals to extract the estimate of pressure derivative 
Ap, is discussed below. 

[0041] It is an invention hereof to use a signal that is 
reduced or even minimized, such as p^, to establish directional 
sensitivity of a system, and of a signal to be transmitted . 

[0042] The temporal acceleration a(t) of air along the line 
joining the two microphones, for a two microphone array as 
shown, is given by: 

a(0 = ~— ^ (Eq. la) 

p dx 
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where p is the density of air and p is sound pressure. The 
derivative is along the line joining the two microphones. With 
only two microphones, the derivative can be estimated, as: 

c^{t)^-—^^{Pi-P2)'P^' (Eq. lb) 

p clx 

where Ax is the distance between the microphones and and 
are the sound pressures measured at each microphone. 

[0043] (This relationship is altered when turbulence is present 
as discussed below) . 

[0044] It is generally desirable that the line joining the two 
microphones be as coincident as possible with a. line joining 
the talker's mouth and the loudspeaker. 

[0045] In general, any loudspeaker used and the talker can each 
be considered to be an acoustic point source, such that sound 
pressure produced by each radiates away equally in all 
directions, namely with little directionality. The handset of 
a device, such as a cell phone, generally has a talker signal 
input region, located to encourage the talker to orient the 
handset so that the talker's mouth, the microphone array and 
the loudspeaker, all lie along a substantially straight line. 

[0046] If an array of more than two microphones is employed, 
their outputs are still combined as in such a way so that a 
talker pressure sum Pt is to be significantly reduced by 
minimization, while a pressure derivative estimated as Ap is 
simultaneously significantly increased. Typically, the 
microphones of the array are arranged along a line. The 
estimate of derivative Ap is proportional to the derivative 
along this line. If the microphones are not arranged all in a 
line, then the estimate of derivative Ap is along some 
appropriate line that passes through the array of microphones, 
and also typically includes the loudspeaker, and talker input 
portion of the transducer housing. As noted above, with an 
array of two or more microphones, there are choices as to how 
the microphone outputs are combined to produce a talker sum p^ 
and an estimate of derivative Ap at the array. For example. 
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different weights may be assigned to different microphone 
outputs. One suitable choice is discussed below. 

[0047] The system therefore increases the acceleration of the 
air in the region between the talker's lips 202 and the loud 
speaker 212, above that which would be present and sensed by an 
ordinary velocity or pressure gradient microphone without a 
loudspeaker. Specifically, the system increases the 
acceleration over what would- be measured by a ribbon microphone 
that measures acceleration or pressure gradient, but which does 
not introduce additional volume velocity into the system by way 
of a loudspeaker. At the same time, a system of an invention 
hereof significantly reduces the compression of the air in the 
region between the talker's lips and the loudspeaker. 

[0048] These inventions have been demonstrated by: (1) modeling 
the acoustical processes involved, (2) constructing a prototype 
demonstration, and (3) incorporating the appropriate signal 
processing routines (in this case, taking sum and difference 
signals from the microphones) and (4) testing for immunity to 
ambient acoustical noise and reducing the sound radiated away 
from the talker. 

[0049] Fig. 5 shows schematically hardware elements and 
indicates processing steps that take place in some of those 
elements. Most of these elements can be individual elements, 
or can be implemented as part of a digital signal processor, or 
an analog processor or as a custom designed processor or semi- 
conductor assembly. The ordinarily skilled designer can make 
an appropriate choice of hardware depending on cost, speed and 
size requirements and available hardware. 

[0050] At least two microphones 510a and 510b of an array 508 
are arranged near to a loudspeaker 512. Typically, the 
loudspeaker is in line with the two microphones, or, if more 
than two, with a characteristic acoustic axis of the microphone 
array. The microphones sense the sound pressures p, and in 
their local environment and generate electronic signals that 
correspond thereto. The signals from both microphones are 
combined at a summer 550, which outputs a talker pressure sum 
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Signal p, that corresponds to a sum of the pressures. If only 
two microphones are used, p, can be a simple sum or a more 
complicated weighted combination sum. If more than two are 
used, it is also a more complicated weighted combination, as 
discussed below. 

[0051] The signals from both microphones are also compared at 
comparator 558 which generates an estimate of derivative signal 
Ap that corresponds to the derivative of the pressure. if only 
two microphones are used, this comparison generates a signal 
that corresponds to p,-p„ if an array of more than two 
microphones is used, then a more complicated, weighted 
combination is used to estimate the difference signal, as 
discussed below. 

£0052] in general, it is desired to drive the loudspeaker 512 
with a signal that is proportional to the estimate of 
derivative Ap, but with a degree of proportionality K(z) that 
reduces the talker pressure sum p, to below a threshold amount e 
that has been determined to be acceptable. (The reasons for 
this are discussed below in connection with Fig. 13.) 

[0053] Turning first to the comparator 558 and an estimate of 
pressure derivative signal Ap, there are delays and other 
transfer path distortions introduced by the physical systems 
between the electrical signal input to the loudspeaker 512 
and the corresponding microphone output signals. To compensate 
for these delays and distortions, the signal Ap to be used as a 
•reference is first filtered 554 with an estimate C(z) of this 
transmission delay. The estimate of derivative signal is input 
to a pre- filter 554 which generates a reference signal C(z)Ap 
This reference signal C(z)Ap is input to the adaptive routine 
conducted in processor 552 described above. Such a pre-filter 
estimate C(z) can be derived from a transfer function 
measurement made between the voltage and the microphone 
outputs when is replaced with broadband noise, while the 
transducer is held close to a user's mouth without the user 
talking. For example, low amplitude pseudo-random noise can be 
fed continuously or periodically to the loudspeaker for the 
determination of this transfer function delay. 
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[0054] Turning next to anoisher aspect of establishing the 
degree of proportionality K(z) , an adaptive filter coefficient 
generator 552 further helps to establish the degree of 
proportionality. it takes as an input the talker pressure sum 
signal and, in a comparator 540; compares that sum to the 
predetermined threshold amount e . The threshold e is simply an 
amount that has been determined in advance, to be small enough 
so that the total radiated sound pressure is small enough to be 
acceptable. It may be different for different applications. 
For instance, for normal telephonic use, it need not be as 
small as for espionage equipment. 

[0055] If the absolute value of the pressure sum |pt| is less 
than e, then the loudspeaker 512 is generating an acceptable 
signal, and the filter coefficients K(z) are fine and need not 
be changed and Ak=0 . If, however, the absolute value of the 
pressure s\am is greater than e, then an adapter 553 portion of ' 
coefficient generator 552 changes the filter coefficients based 
on a non-zero change factor AK. This AK is provided to change 
the gain K(z) of the amplifier 556. Fig. 5 shows simply adding 
Ak(z) to C(z), however, this is only a schematic suggestion. 
In general, K(z) is based on a function of both C(z) and Ak(z), 
in some appropriate fashion. An important reason for providing 
C(z) separately is to simplify K(z). In practice K(z) would 
get updated at a processing clock rate, on the order of at 
least iKHz, while C(z) might get updated at only 5 or 10 Hz. 

[0056] Thus, the estimate of derivative signal Ap is fed to an 
amplifier 556, which has a variable gain K(z), which is 
adaptively varied as discussed above, in general, and below in 
slightly more detail for a specific embodiment. The amplifier 
556 outputs a signal K(z) Ap, which generates the input to 
the loudspeaker 512 . 

[0057] The analytical model shown in Fig. 4 can be used to 
develop an optimization approach accomplished by the elements 
shown in Fig. 5. The technique may be based on a time-domain 
adaptive approach, using a variant of a normalized filtered-x 
LMS routine, such as is explained in the following three 
papers, all of which are incorporated fully herein by 
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reference: D. R. Morgan (1980), "An analysis of multiple 
cancellation loops with a filter in the auxiliary path, " IEEE 
Transactions on Acoustics, Speech and Signal Processing, ASSP- 
28, pp. 454-467; B. Widrow, R. G. Winter, R. a. Baxter (1981), 
"On adaptive inverse control," Proc. IB'" ASILOMAR Conference on 
Circuits, Systems and Computers, pp. 185-195 (feedforward 
control); J. C. Burgess (1981), "Active adaptive sound control 
in a duct: a computer simulation," Journal of the Acoustical 
Society of America. 70, pp. 715-726 (active control of sound in 
ducts) . 

[0058] (Other approaches, such as using direct minimization of 
|Pt| and enhancement of Ap, via modifications of K, with 

appropriate constraints imposed, are possible if a detailed 

enough model is available) . 

[0059] Pig. 5 represents one embodiment of an invention hereof 
using digital signal processing of the data. A suitable 
algorithm is known as a filtered x- LMS routine, referred to 
above. The filter to be optimized for the minimization of |p,| 
is (in z- transform notation) : 



i5:(z) = 2H'n2"' (Eq. Ic) 

n-O 

Where typically n=32 . At each time step i the weights w„ are 
adjusted by an amount: 

Aw„(0 = Ax|p<'-»>|x2{c(fc)Ap(i-n-fe-l)} (Eg. id) 

where p^d) and Ap(j) are the time sampled values of these 
quantities as measured by the microphone array and A is a 
constant chosen to make the optimization proceed more quickly. 
The order M filter C(z) represents an estimate of the transfer 
function between the voltage applied to the loudspeaker and 
the Ap signal as measured by the array 508. The values c(k) are 
the inverse z transform of C(z) described above, and represent 
the time sampled values of that filter's impulse response. The 
function C(z) can be measured as part of a calibration process 
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as noted above or estimated, in some cases as a simple delay of 
M time samples C(z)~l/^ . 

£0060] To understand how fast the updating should occur, the 
loudspeaker 214 should beneficially enhance the acceleration at 
the microphone array 208 \intil the pressure sum at the array is 
reduced to an acceptably small amount. The loudspeaker and its 
driving electronics must therefore be able to react to signals 
(generate sound in response to soimd produced by the talker) 
within 15-20% of the period of the highest frequency of 
interest. Typically, the output from the pressure sensors 
should be sampled at a frequency of at least 2.4 times the 
highest frequency of interest and, in some cases, involving a 
time delay, discussed below, at least 6 times. This is a 
"standard understanding for sampling rate based on the highest 
frequency of interest. Experience with telephonic transmission 
indicates that this system needs to be effective over a 
frequency range from about 200 to 3000 Hz. Delays in the 
system, including electrical, mechanical, and acoustical should 
be minimized as much as possible. The analytical model is very 
useful for this minimization. 

[0061] For example, sbund travels about 35 mm in 100 |Asec. 
Assuming, for purposes of this illustration that the longest 
propagation delay that the designer wants to tolerate is 0.2 
periods at 2000 Hz, which equals 200 fisec. Then the upper limit 
of the distance D^a, between the loudspeaker and the closest 
microphone of the array is limited to about 35 mm (1.85 in). 
There is no corresponding restriction on the maximum distance 
D^Ma between the talker 2 06 and the closest microphone of the 
array 208, from the standpoint of enhancing the local 
acceleration at the array. Delay between the time of actual 
speech production and its arrival at the microphone array 208 
should not affect the enhancement in pressure derivative at the 
array or immunity from ambient sound and sensitivity to speech 
from the talker, although it may reduce privacy. 

[0062] An informative simulation of this approach using 
transient signals such as those found in speech, with a 
microphone spacing h of 2 cm and a filter K{z) with thirty- two 
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coefficients, results in an overall reduction of approximately 
11 dB in the talker pressure svim and an overall increase of 
about 8 dB in the estimate of pressure derivative (as coiapared 
to a talker alone) . Values of these changes are consistent 
with the contours for radiated sound in Fig; 13 and pressure 
gradient enhancement in Fig. 14 (discussed below) . While these 
results indicate the performance that may theoretically be 
achieved using this approach, the performance of a physical 
device cannot be fully evaluated without implementing an 
optimization routine with hardware in the loop. 

[0063] As has been mentioned above, the temporal variations in 
air acceleration and in pressure derivative Ap also correspond 
to the sound signal generated by the talker, in a manner 
similar to that of uncancelled sound pressure. Thus, to embody 
the signal that signifies the spoken soxinds to be communicated, 
variation over time in Ap can be transduced into an electronic 
signal and transmitted. Thus, as shown in Fig. 5, V^^^ can be 
taken at 559 directly from the output of the comparator 558, 
or, it can be derived from the filtered signal K{z)Ap = V^, at 
557, whichever is more convenient. 

Hardware 

[0064] Fig. 6 shows a basic implementation 600 of a system. 
The frequency range is limited to that required for 
understandable speech, from about 200 Hz to 3000 Hz. 
Electronic signal processing in a prototype is done using a 
digital signal processor (DSP) 660 with an A/D and D/A 662 
card. This prototype can be used to confirm a signal 
processing method and acoustical performance. 

[0065] This iitpleraentation is designed to be used without a 
shroud 614 and/or windscreen if possible, but there will likely 
be applications where a shroud is necessary and acceptable. if 
a shroud is needed, one as small as possible is desirable. The 
microphones 610a and 610b should preferably be as small, as 
close together, and as close to the loudspeaker 612 as possi- 
ble, consistent with the need for a measurable phase difference 
in microphone outputs. To deal with the inevitable phase 
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mismatch between moderately priced microphones, it is desirable 
at times during prototype setup to reverse their locations 
using a swiveling holder for the prototype. This technique 
allows for phase calibration. 

[0066] In this implementation, the microphone signals p^, are 
sampled using an A/D board in a dedicated Digital Signal 
Processor (DSP) 660. For instance, a DSP board, such as 
available from Analog Devices of Norwood, MA under model 
AD73522, is adequate. The signal input to the loudspeaker is 
continuously adaptively updated and generated in the DSP 
computer 660 as discussed above, and fed to a power amplifier 
664 using a D/A channel 666 on the same board 662. The 
processing and board control software will be appropriate for 
the board of choice. 

[0067] The microphones and loudspeaker should be as small as 
possible while still providing otherwise acceptable 
performance. It is intended by the inventors hereof that any 
suitable pressure sensing or sound producing devices now in 
existence or developed in the future may be incorporated into a 
device embodying features of the claimed inventions. For 
instance, a technology that is just emerging as of the filing 
of the application hereof (2004) is an integral sound chip, 
that can include electronics for signal processing, and silicon 
membrane microphones and speakers, as described in Stix, G., 
Micro (mechanical) phones. Scientific American, p. 28 Feb. 2004, 
which is incorporated herein fully by references. Basically, 
vibrating membranes up to about 1 mm sq. are fabricated into a 
semiconductor device. The membranes can be made to vibrate in 
response to an electronic signal, thereby constituting a 
loudspeaker. They also vibrate in response to an acoustic 
disturbance, and generate an electrical signal corresponding 
thereto, thus, constituting a microphone. Different sizes of 
membranes are sensitive to or generate sound of different 
frecjuency ranges, depending whether a microphone or a 
loudspeaker. They can be made to be very small, and very close 
together. Many such microphones could be placed in an array of 
virtually any geometrical design. A single device can include 
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many membranes, each responsive to a different distinct or 
overlapping frequency range. It is expected that they will be 
made by CMOS (complementary metal oxide semiconductor) 
processes . 

. Directional Aspects 

[0068] Two different directional aspects are important in 
understanding inventions hereof. The first relates to privacy 
of a talker, and sound radiated away from the talker. The 
second relates to quality of sound transduced, and immunity of 
the transmitted signal from acoustic background noise. 

Privacy and Radiated Sound 

[0069] An acoustical model of a talker using a transducer as 
generally described above treats the system (talker + 
loudspeaker) as a pair of acoustical monopoles of opposite 
sign, since the loudspeaker 212, a monopole, will draw in 
volume velocity fluctuations equal to that produced by the lips 
202 and riose 203 of the talker 206, together, the second 
monopole. This increases the magnitude of the acceleration of 
the airflow and reduces the pressure at the microphone array 
and in the far field, as compared to the effect of the talker 
alone . 

[0070] For purposes of initial discussion a two microphone 
arrangement of Fig. 2 will be discussed, but similar and 
potentially better results are achievable with an array of more 
than two microphones, which is discussed further below. 

[0071] A talker speaking alone, a monopole, radiates sound more 
or less uniformly outward in all directions. It has little 
directionality. More precisely, the human voice is nearly omni- 
directional at 200 Hz, where the wavelength is about 1,7m, but 
it is directional (but not unidirectional) at 3 kHz, where the 
wavelength is 0.12 m. ) Thus, its directionality is generally 
independent of any emgular relation d between a monopole and an 
observer. With a dipole, if the distance between the talker's 
lips and the loudspeaker is less than 1/6 of a wavelength, 
about 2 cm at 3,000 Hz, the upper range of frequency for 
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speech, the incompressible terms in the flow field dominate. 
In this situation, the radiated sound pressure has the dipole 
directionality of | cos e\ , which reduces the radiation to the 
surrounding area as compared to a monopole. 

[0072] A directionality plot of the type familiar to 
acousticians, showing a dipole radiation directionality of 
I cos e\ , is shown schematically in Fig. 8. The talker 806 and 
the loudspeaker 812 constitute the monopoles of the dipole. 
The directional radiation plot shown in Fig. 8 depicts the 
intensity of soiond pressure radiated toward different 
directions from a dipole generator. Basically, the intensity 
of sound in any direction 0^ is proportional to the length of a 
line segment S(ei) from the midpoint between the two. monopoles 
806, 812, to its intersection with one of the two circles. 
Thus, the intensity of soiand pressure radiation along 
directions represented by vectors Vj^^o and Vj^.^o is equal, to 
each other and greater than that of sound pressure radiated 
along directions represented by vectors V^^^' Vj,s.70' The 
intensity of sound pressure radiated along a direction Vj,s9o 
perpendicular to the line TL that joins the talker 806 and the 
loudspeaker 812 is essentially zero. Thus, there are some 
directions toward which the intensity of radiated sound is much 
less than for other directions. Therefore, in general, a 
dipole generator behaves quite differently from a monopole 
generator, which has no . directionality. 

[0073] Fig. 8 depicts relative intensity of soxond pressure in 
different directions, but it says nothing about the absolute 
intensity, in any direction, particularly as compared to a 
talker alone (a monopole) . In general, that topic is discussed 
below, in connection with Figs. 13 and 14. Fig. 8 assumes a 
baseline ratio of radiated sound, as compared to a talker 
alone, and then depicts the degree of radiated sound in 
different directions. Fig. 13 compares the ratio of radiated 
soTind of a dipole to that of a talker alone, for different 
combinations of frec[uency, separation between talker and 
loudspeaker, and amplitude of loudspeaker relative to the 
talker, all of which is discussed below. (Fig. 13 assijmes the 
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loudspeaker is exactly out of phase with the talker.) In 
general, that discussion shows that for certain combinations of 
these parameters, the amount of sound power radiated for the 
dipole is much less than for the talker alone. This situation 
improves privacy, as compared to a talker speaking alone (mono 
pole) for two reasons: 1) the dipole can be designed to radiate 
less sound power in its directions of maximum sound power than 
a talker alone; and 2) the dipole radiates less sound power in 
certain directions than in its directions of maximum soxind 
power . 

Sensitivi ty to Acoustic Background Noise 

[0074] As mentioned above, another aspect of the disclosed 
inventions that requires consideration of directionality, is 
sensitivity to acoustic background noise. In general, a 
transducer having a single microphone is equally sensitive to 
acoustic backgro\md noise coming from all directions. This 
noise will add with the sound coming from the talker and will 
be transduced equally. One embodiment of an invention hereof is 
equally sensitive to soiond coming from all directions. Other, 
typically more useful embodiments, can be designed so that they 
are more sensitive to sound coming from the talker. 

[0075] In general, the directional sensitivity to background 
noise is attributable to weightings of the microphone signals 
as they are combined in As has been mentioned above, with a 
two microphone embodiment, the microphone signals p^ and pj are 
summed in a summer 550, which sum [pj is then compared to a 
threshold e. In an apparatus as shown in Fig. 5, which conducts 
a procedure as discussed above, if sound pressure from a 
certain direction is not sensed in p^ then the system ignores 
such sotind and the loudspeaker is not driven to match it, as it 
is driven to match the talker. As a result, no portion of the 
estimated derivative signal Ap is generated with respect to 
such ignored sound. As is discussed above the signal that is 
transmitted as the output can be either Ap itself as at 559, or 
the electrical input to the loudspeaker, V^,, as at 557, which is 
proportional to Ap through the relationship Vi,=K(z} Ap. In 
other words, stating the phenomena somewhat in reverse, the 
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system will drive the loudspeaker to try to produce sound that 
it senses • If the microphones are arrayed and their outputs are 
weighted such that they discriminate in favor of sound coming 
from the direction of the talker, then the system will try to 
drive the loudspeaker to counter that sound, which will 
contribute to the value of 4P- But, sound coming from non- 
favored directions is essentially not sensed and the system 
will not try to drive the loudspeaker to counter that non- 
sensed sound. Thus, the directional sensitivity of Pt also 
influences Ap, which is the basis for the signal to be 
transmitted. 

[0076] With that in mind, a first case is considered where the 
microphones have the weightings as set forth below in Table I. 









Pt 


1/2 


1/2 


4p 


-1/2 


+1/2 



Table I Two Microphone Weightincrs 

[0077] With microphone weightings as shown in the row p^, the 
system will have no directional sensitivity, as shown in Fig. ■ 
9. It will be equally sensitive to sound coming from all 
directions, which is identical to a single microphone 
apparatus. The microphone weightings in the row Ap effectively 
extract the estimate of pressure derivative from the pressure 
measured by the microphones. Although there might be a very 
small effect on directional sensitivity due to the microphone 
weightings used for Ap, the effect is so small that it can be 
ignored. In embodiments discussed below, a much more 
significant effect can be achieved by adjusting the microphone 
weightings that are used to determine Pf 

[0078] Fig. 10 shows schematically the directional sensitivity 
for a sensor based on pressure waves incident from various 
directions for what is known as a cardioid weighting of 
microphone outputs. Such a directivity discriminates strongly 
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against ambient noise from a direction from the loudspeaker 
1012, and is less sensitive to sound from directions other than 
directly from the talker 1006. The shape of the direction 
sensitivity curve 1070 approximates a cardioid. Such a 
cardioid sensitivity can be achieved with a microphone 
weighting as set forth in row p, in Table II, below. 







P, 


Pt 


1 


-{l)/x 


4p 


-1/2 


+1/2 



Table II Cardioid Microphone Weig htint^ 

[0079] in Table II, x = e ' , where ay is the frequency of sound 
in question, h is the spacing between microphones, as shown, 
and c is the speed of sound in the medium. (Thus, the 
weighting can be established by a filter that has a frequency 
dependent gain.) (For example, the filter could be part of the 
summer 550. The function x is essentially a time delay and may 
be incorporated after the signals have been sampled and 
digitized.) This will require a sampling rate of the pressure 
sensors on the order of at least 6 times the highest frequency 
of interest to achieve the needed time shift by shifting the 
data by a single sample. 

[0080] The sensitivity in any particular direction 6 is 
proportional to the length of a line segment 3(0) along that 
direction from the midpoint of the array, to where that line 
intersects the curve 1070 shown. Generally toward the talker 
1006, where the curve 1070 is roughly elliptical, the 
sensitivity is rather large. However, away from the talker, 
the curve has an indentation and is otherwise very near to the 
origin. Thus, the array is not at all sensitive to sound from 
the direction of the loudspeaker. The cardioid array is 
slightly sensitive to sound from a direction that is 
perpendicular to the line TL, as indicated by the vectors V. 
and which just graze the lobes of the curve 1070 and 
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intersect the curves after only a very short distance. Thus the 
system will operate to reduce the pressure due to the talker 
and be much less sensitive to ambient sotmds arriving from most 
other directions. However, it is still undesireable that there 
is some small sensitivity to sounds arriving from a direction 
perpendicular to the line TL such as along line Vj^,o. 

[0081] The sensitivity is also symmetric with respect to soxinds 
produced above and below the line TL, as shown in Fig. 10. 
However, that symmetric sensitivity is not undesireable. 

[0082] The undesired sensitivity of the cardioid can be further 
reduced by using an array 1108, as shown in Figure 11, of three 
microphones 1110a, 1110b and 1110c, which produce signals 
representative of pressure designated p,, p, and p, respectively. 
When the sensitivities of the microphones are adjusted 
according tp known principles of microphone arrays, such as in 
the row p^ in following Table III, where x is as above, the 
directional sensitivity of this array 1108 becomes that shown 
in Fig. 12, which is referred to herein as a superdirective 
sensitivity, as that term is generally xinderstood to 
acousticians. In general, the array 1208 shows significant 
sensitivity in directions between 0=0* to about 0 = ±45*, 
generally toward the talker 1106, and virtually no sensitivity 
anywhere else, except along the small lobes 1272 and 1274. 









P3 




1 


-(x+l)/x 


1/x 


4p 


-1/2 


+2 


-3/2 



Table III Three Microphone Weighting 

In general, and as used in the claims hereof, any microphone 
weighting that establishes a directional sensitivity toward the 
talker that is at least lOdB more than the sensitivity in any 
direction that is between +90 through 180 to -90 degrees is 
considered to have a directivity sensitivity that is 
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substantially similar to the superdirectivity sensitivity shown 
in Pig. 12. 



[0083] It is thus, an aspect of the invention, to use a 
property that is significantly reduced, or even minimized, that 
is, Pt, to establish an important performance characteristic of 
the transducer, namely directional sensitivity. 

[0084] The foregoing discussion of directional sensitivity has 
provided microphone weightings for use determining p^. It has 
also provided microphone weightings for determining Ap. If the 
Ap weightings shown are used for either the two or three 
microphone situations, then the system will provide an 
acceptably accurate estimate of the derivative of pressure, 
which as has been noted is proportional to acceleration. It is 
thus reasonable to use the same weightings for both the non- 
directional (Table I) and the cardioid (Table II) cases and the 
slightly more complicated weightings shown in Table III, for 
three microphones. The weightings for the estimate of 
derivative, though, have only minimal effect, if any, on the 
directional sensitivity of the array. (It is known from finite 
difference analysis that using the weightings for three 
microphones gives a slightly better estimate of the pressure 
derivative- (and acceleration) from the spatially separated 
measurements of pressure) . 

[0085] These basic estimates, which assume free field 
acoustics, can be refined with more detailed calculations for 
actual geometries. Other geometries, such as the addition of a 
shroud as shown in Fig. 2, can be analyzed and optimized 
regarding directivity and frequency response using well known 
computational algoritlims, such as finite element analysis and 
botindary element methods. The calculations can quantify the 
expected benefits, both in terms of insensitivity to ambient 
sounds and privacy. Independent of algorithms, a realistic 
model should be used for the acoustics of this acceleration 
based transducer system. 
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Modeling 

[0086] The acoustical inputs to the transducer 208 (Fig. 2) are 
the volume velocity fluctuations from the talker's lips and 
nose, U^, and the volume velocity fluctuations from the 
loudspeaker, U^. The volume velocity fluctuation U is 
determined by the voltage V, applied to the loudspeaker. For 
the purpose of this discussion, the pressure difference using 
an array of only two microphones 210a and 210b is actually an 
estimate of the spatial derivative along the line joining the 
two microphones that is estimated, as shown in Fig. 2 The 
pressures p, and p, are sensed by microphones 210a and 210b 
respectively, at those locations, which then output electrical 
sxgnals proportional to and p,. a purpose of. this model is 
to determine the functional relationships among these variables 
for design optimization. Such a model can provide a good 
indication for the directions that system parameters should be 
changed for improved behavior. 

10087] AS noted above, an important use for a model is dealing 
wxth the geometry .of the space between the talker 206 ^nd the 
loudspeaker 212. if a shroud 214 is present, as indicated in 
Fxgs. 3A and 3B, then the acoustics are different than if there 
xs no shroud. The acoustical model has to accommodate that 
option. If the spacing h between the two microphones is less 
than 1/6 the smallest wavelength, as discussed above, then 
compression in the air between them can be neglected and the 
acoustic element that produces H,, in Fig. 4 can be considered a 
simple acoustical mass, the value of which will depend on the 
shroud geometry. The spaces between the talker 206 and the 
microphone array and between the loudspeaker 212 and the ' ' 
microphone array are more complicated and the analysis will 
benefit from the assistance of a computational model for 
refinement in the design. 

[0088] computational analysis can be used to quantify the 
elements shown. The boundary element acoustical model (bemap) 
and finite element algorithm (ALGOR) are example programs that' 
can be used to represent the acoustics of this space The 
principal use of the model is to determine the effects of 
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variations that are inherent in any physically constructed 
system on the performance of the system as a whole. For 
example, it is desirable to keep the spacing h between the 
microphones in the array 208, for instance the two microphones 
210a and 210b, as small as possible, so that the handheld unit 
is small enough to be housed within a conventional cell-phone 
or other handheld housing. It is possible to minimize this 
distance if phase-matched microphones are used, but such 
microphones can be expensive. If cost is important, other 
approaches may be exploited. The acoustical analysis should be 
carried out in conjunction with computational choices and 
experimental evaluations . 

Enhancing acceleration and reducing pressure - two microphone 

example 

[0089] The following addresses how enhancing air acceleration 
and reducing pressure is accomplished. First, a two microphone 
example is used. This is a linear system. Therefore, all of the 
variables are proportionally related. But Ap is a strong 
signal. Therefore it can be used, with the filter K(z),^ to 
minimize the talker pressure sum With the proper amplitude 
and phase of K(z), one can produce a that will minimize Pj.. 
Minimizing Pt has the additional benefit of reducing radiated 
sound because Pt is minimized when Uj;=-Ut. This occurs because 
the volume velocity fluctuations produced by the loudspeaker 
draws in the voliame velocity fluctuations produced by the 
talker, and prevents compression of air by the talker's volume 
velocity fluctuations (and, also, simultaneously, the 
loudspeaker velocity fluctuations) . 

[0090] Referring to Fig. 5, the microphones 210a and 210b will 
measure the pressures and at their locations . The 
acceleration is proportional to the spatial derivative of sound 
pressure at any given time. An acceptable estimate of the 
derivative is the sound pressure difference between those 
locations in space at the same time. Thus, using the signal 
Ap, the required voltage Vi, to the loudspeaker is given by 

V^=K(z) (AP), (Eq. 2) 
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where K(z) is a function of frequency (z) that is chosen to 
reduce pressure attributable to the talker which represents a 
weighted sum of outputs from the microphones, in the frequency 
domain . 

[0091] The exact form of K(z) to achieve the greatest reduction 
in pressure depends on the loudspeaker and on the geometry of 
the transducer (the spacing between microphones and the 
arrangement of microphones in the array, and the spacing 
between microphone (s) and the loudspeaker) . It may"" also depend 
on the geometry of the talker's face and other items that will 
vary from one situation to another. The acoustical model shown 
in Fig. 4 has the generality to account for this acoustical 
variability. 

[0092] Keeping in mind that variation in the estimate of the 
derivative AP contains all of the information contained in 
variation in sound pressure, once K(z) is determined, the 
loudspeaker voltage Vj, may be used from which to derive for 
instance, a telephone signal to a distant listener: 

' AP=IC'V^. ' (Eq. 3) 

where AP is the estimate of the derivative of pressure in the 
frequency domain and JT^. is a matrix inversion. It is most 
likely that the best signal to use will be IT^Vi, but it is also 
likely that sending directly would be acceptable. 

[0093] Alternately, the two microphone signals themselves may 
be used to create Ap and used to generate the signal to be 
transmitted from the transducer device to a distant listener. 

[0094] A major purpose of the microphones 210a and 210b is to 
measure an estimate of pressure derivative in the region 
between the talker 206 and the loudspeaker 212. The estimate 
of derivative is along the line that passes through both 
microphones and the loudspeaker. Since there must be a finite 
distance between the microphones of the array, e.g., 210a and 
210b, estimating the derivative can be improved by increasing 
the number of microphones in a way that is well known from 
finite difference analysis. Estimating the pressure derivative 
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from microphone measurements is a special aspect of the present 
inventions. A pair of microphones is adequate for an estimate, 
but a larger number may be used to improve the estimate. For 
example, the three microphone array shown in Fig. 11, weighted 
as discussed above, can make a more accurate estimate of the 
pressure derivative than can a two microphone array.. 

[0095] A two-microphone arrangement is used here to demonstrate 
the principles. (A three microphone array, weighted as above, 
would follow the same principles. The acceleration of the air 
in the space between the two microphones, &(t), is governed by 
the difference in the sound pressures, 

dpldx^-pa(t) , (Eq. 4) 

or 

<0^iPi-P2)fp^ . (Eq. 5) 

where x is a unit length along a line that joins the two 
microphones and loudspeaker. (Eq. 5 is the same as Eq. lb, 
repeated here for convenience . ) 

[0096] A processing routine of the type discussed above in 
connection with Fig. 5 is used to reduce significantly the 
pressure sum, P^., while increasing significantly the pressure 
derivative, AP. To achieve this in the frequency domain, the 
voltage applied to the loudspeaker should be proportional to 
that pressure difference, e.g., as set forth in Eq. 2, which is 
repeated here as Eq. 6: 

= K(z) (AP) . (Eq, 6) 

The magnitude and phase functions of K(z) are chosen to 
significantly reduce the sum of complex amplitudes P^, as 
indicated at 540 and 552. The enhanced acceleration, or the 
estimate of the pressure derivative Ap, which is the signal 
output of the acceleration based transducer desired to be 
transmitted, is then readily calculated from the voltage 
using Eqs. 2 and 3 in combination. 
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[0097] When turbulence is present, the relationship between the 
pressure derivative and the acceleration expressed in Eq. 4 is 
altered to become (for one dimensional inviscid flow) , 

ap/ax = -pa(o - a(pM V2)/ajc , (Eq. ?> 

where u=Ja dt, is the velocity of the airflow at the array and x 
is the unit length along the direction of flow. The new term 
involving velocity u is the convective acceleration and its 
presence means that the relation between pressure and 
acceleration is altered from that shown above in Eq 1 . In 
turbulence, the two terms on the right-hand side may be 
comparable in magnitude. However, since an invention hereof ■ 
measures pressure derivative it may be possible to derive a 
velocity estimate from the measured pressure difference and 
correct for some of the turbulence effect. The consequences of 
this are not certain, but it may be that a transducer of the ' 
present invention will always benefit from some sort of 
windscreen for protection, if airflow noise is a problem. 

[0098] While the operation of an acceleration based transducer 
has some features similar to an active noise canceller, in 
significantly reducing the total pressure, unlike an active 
noise canceller, an acceleration based transducer also 
significantly enhances the pressure derivative estimated by Ap. 
If, sound arriving at the array does not come from the 
direction, of the talker (namely ambient noise), the pressure 
from those sounds does not contribute to the talker pressure 
sum Pt to be minimized. Reducing the talker pressure output from 
the microphone array will not increase Ap due to such ambient 
noise, leading to less pressure spatial derivative output from 
the microphone array and the desired immunity from ambient 
sound, 

[0099] There is an advantage to having both the loudspeaker 
input voltage V^^ and the direct microphone array output Ap 
signals available to transmit. This helps to understand an 
important aspect of using pressure derivative of the signal to 
be transmitted. If there is a loudspeaker failure, the 
microphone outputs will remain. The privacy feature (reduction 
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in radiated sound) and enhancement of Ap will be lost, but the 
device will still work as a telephone. That would not be the 
case for a single microphone system that would simply monitor 
and reduce the pressure and use a loudspeaker signal as a 
transmitted signal. In that case, if the loudspeaker were to 
fail, the transmitted signal would be lost. (The microphone 
signal cannot be used in such a system because its output would 
have been significantly reduced, essentially minimized.) 

[00100] The following discussion explores relationships that may 
be exploited to help design adaptive filters, discussed above, 
to change Ak based on the total pressure, etc. 

Effect of strength of loudspeaker and separation on radiated 

sound 

[00101] Fig. 13 is a graphical representation that shows, 
schematically, on the vertical, log scale, the ratio of sound 
power radiated away relative to that which would be radiated by 
a talker alone. The horizontal scale, (which is not a log 
scale) , shows the ratio of the amplitude of volume velocity of 
the loudspeaker relative to that of the talker alone. Both 
scales plot a dimensionless ratio of a value, as compared to 
some aspect of the situation for the talker alone. Thus, one 
can see the effect on radiated power of varying the amplitude 
of the volume velocity of the loudspeaker. The parameter is 
proportional to a ratio of the separation d between the talker 
2 06 and the loudspeaker 212, compared to wavelength X of the 
spoken sound. 

[00102] In general, 

P^2nd/X. (Eq, 10) 

P is essentially a frequency parameter. For constant d, p 
decreases as the frequency decreases (and the wavelength 
increases) , For constant A, decreases as the separation d 
decreases. Fig. 13 shows, various curves, for different d/A. 
Four curves are pointed out, for which the separation d between 
the talker and the loudspeaker is X/2n times 2, 11/3, 1 and 
1/2, respectively, which corresponds to p equal to 2, 1 1/3, 1 
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and 1/2, respectively. The curve for the smallest d/A is 
lowermost, meaning they result in generally less sound power 
being radiated away as compared to the talker alone, than is 
the case for larger d/A, as represented by the upper curves. 

[00103] For any given separation d, and wavelength of speech 
A the lowest amount of radiated sound relative to that of the 
talker alone is represented by the minimum of an individual 
curve. For instance, for d=2?J2n, the minimtim occurs near to 
where the amplitude of the volume velocity of the loudspeaker 
relative to the talker equals minus 1 (perfectly out of phase) , 
as shown on the horizontal scale. If the loudspeaker is in 
phase with the talker (to the right of 0 on the horizontal 
scale) , then the sound power radiated away is greater than that 
of the talker alone (greater than 10" = 1 on the vertical 
scale) . (Fig. 13 is intended to illustrate an optimal case 
where the loudspeaker is exactly out of phase with' the talker. 
However, there might be a slight improvement by phase 
adjustment away from the minima in the curves . ) 

100104] If the amplitude of the loudspeaker is less than 
about negative two times that of the talker alone, then there 
is no combination of separation d and wavelength A that would 
result in radiated sound' being less than that of the talker 
alone (because to the left of -2 on the horizontal scale, all 
curves exceed 10° on the vertical scale) . Note also, that for 
this example, the curves are more symmetric about the minima 
for smaller ^ (or dIX). For larger p, the minima are skewed more 
toward loudspeaker strength being between about -1 and about 
-0.5. 

[00105] For smaller jS, the trough sides are steeper and the 
breadth of the trough is narrower. Namely, there will be a more 
significant reduction in sound power radiated, for a change in 
the amplitude of the loudspeaker, toward negative 1 times that 
of the talker alone (from either greater or less than -1) . 
Also, the minima become broader as ^ increases, which means 
that the maximvim effect on reducing radiated sound for any 

(minimum radiated sound) will take place over a broader range 
of mismatch between the strength of the loudspeaker and 
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Strength of the talker alone , although the reduction in 
radiated sound from that of the talker alone will be less. 
Thus, for larger p, the system will tolerate more error in the 
attempt to drive the loudspeaker to exactly draw in the volume 
velocity produced by the talker. Thus, if a relatively smaller 
degree of reduction in radiated sound is acceptable, it will be 
easier to achieve that reduction. 

[00106] For example, at 3kHz, the wavelength A of sound is 
about 12 cm (4 3/4 in), so that d/ A (= 1/ n) corresponds to a 
distance d between the talker and the loudspeaker of about 3 . 8 
cm (1.5 in). The curve shows that for this separation, and 
with the loudspeaker exactly out of phase from and with the 
same amplitude as the talker, at 3 kHz, the radiated soxind from 
such as system is 12 dB less than that of the talker alone 

(corresponding to only 6.08 times that of the talker for a 
reduction of 92%). At 2 kHz, with d = 5.23 cm, the radiated 
sound is 8 dB less than that of the talker alone (corresponding 
to 0.158 times that of the talker for a reduction of 84%). 

[00107] Fig. 13 can also be used to understand the 
performance of a particular embodiment, as the handset and 
included loudspeaker are moved toward and away from the talker. 
The parameter d represents the separation between talker and 
loudspeaker. Typically, during talking, the talker maintains 
the handset and thus the microphones and loudspeaker, in a 
fixed location for periods of time th^t are relatively long 
compared to the oscillatory period of any relevant frequency of 
speech, and thus d is relatively constant. The parameter in 
question, d/X, will be unique. The family of curves shown in 
Fig. 13, therefore, show how different parts of the frequency 
spectrum of speech are radiated. Longer wavelengths (lower 
frequencies) correspond to a smaller /3 and are therefore 
attenuated more than are higher frequencies. Therefore, 
whatever sound is radiated to the environment in which the 
talker speaks, will be a raspier version of the talker's 
speech. However, to the extent that the talker moves the 
handset, for instance, closer to the talker's mouth and nose, 
to analyze the effect, one moves along from curve to curve in 
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the direction of decreasing d, generally downward as shown. 
Thus, for a given frequency of speech, as the separation 
decreases, the amount of sound power radiated also decreases. 

[00108] In general, embodiments of inventions hereof can be 
characterized as apparati and methods that establish an 
approximate acoustic dipole generator, with the talker's mouth 
and nose constituting one pole and the loudspeaker constituting 
the other. In general, as used herein, an approximate dipole 
generator or a generator that operates substantially as does a 
dipole is a generator that results in at least lOdB reduction 
in overall radiated sound pressure, as compared to a single 
source (e.g., a talker)" monopole, alone. Fig. 13 depicts 
essentially an ideal dipole generator. 

[00109] Fig. 13 can also be used in conjunction with Fig. 8, 
which shows, in general the directionality of radiating sound 
power from an acoustic dipole. The directionality remains the 
same for all such dipoles, represented by two equal size 
circles. However, comparing two situations, with different 
for a given ratio on the x-axis of volume velocity of 
loudspeaker relative to a talker alone, one can- consider the 
diameter of corresponding circles changing in accord with the 
location of vertical axis coordinate for the different P curves 
shown on Fig. 13. 

[00110] The locations of the microphones in the array 
relative to each other have no effect on the graphs shown in 
Fig. 13. But, separation among the microphones is needed to be 
able to estimate the pressure derivative, to make the 
loudspeaker out of phase with the talker, and of the correct 
strength. 

[00111] Turning to a generalization regarding the locus in 
which radiated sound is reduced, it is instructive to consider 
three spatial regions of importance, characterized in terms of 
two important characteristic lengths. The two characteristic 
lengths are d, the distance between the talker and the 
loudspeaker (which corresponds to the size of a source) and the 
wavelength A of the sound in question. The three spatial 
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regions r of importance are: 1) r<A/2;r (inertial field); 2) 
?^/27t<r<d (geometric field or Fresnel zone); and d<r<2d/A (far 
field or Frauenhofer zone) . Radiated sound will occur in the 
geometric and far fields . Since d is very small in this case 
these two zones then constitute essentially everywhere. In the 
absence of silencing, the audibility of another person's speech 
will drop off because of background noise. However, in a quiet 
environment, the unmitigated sound can be heard over a 
substantial distance. 

[00112] The plot in Fig. 13 generally refers to sound 
radiated into the far field. In general, an embodiment of • the 
invention will reduce the radiated sound power in the far 
field. For a cellular telephone user, a reasonable range over 
which it is desirable to reduce radiated sound power is from 
about one foot (30.5 cm) from a talker's face to about 10 feet 
(3m), The effects of embodiments of the invention are also 
appreciable at even greater distances.. However, typically, 
except in the quietest of environments, radiated sound from use 
of devices such as cellular phones is not a problem at 
distances beyond 10 feet or so. On the other hand, in specific 
applications, such as specialized equipment for communications 
devices for use by military, espionage and law enforcement 
persons, it may be important to be able to speak into a 
transceiver, and to have the radiated sound of that speech be 
reduced so that it will not be detectable at even greater 
distances. 

Loudspeaker effect on Acceleration 

[00113] Turning next to transducing speech by measuring 
acceleration. Fig. 14 is a plot that shows the effect of the 
loudspeaker on the acceleration of air. Fig. 14 shows the 
acceleration in a region around the talker 1406 ajad the 
loudspeaker 1412, relative to the acceleration due to the 
talker alone at the midpoint (0,0) along a line TL from the 
talker 1406 to the loudspeaker 1412. The plot assumes the 
talker and loudspeaker are perfectly out of phase and of equal 
amplitude volxime velocity. The horizontal scale is location 
along the direction of the line TL from the talker to the 
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loudspeaker, measured in imits of X/2n, The vertical scale is 
also location, measured in the same units of K/2n, away from 
the line TL. The plot is generated assuming that a microphone 
pair is placed at a specific location, such as shown 
schematically at XX (-0,5,0.5), aligned along a line that is 
parallel to the line TL. 

[00114] Each curve represents' a locus of equal magnitude 
acceleration of the air due to the talker and the loudspeaker 
combined, as compared to the talker alone at the midpoint 

(0,0). For instance, points along, the outermost cuarve, 
designated with 0, represent the locus of points where the 
acceleration of air is the same as would be the acceleration of 
air at the point (0,0), due to the talker alone. At point 

(0,0), the acceleration (and thus the pressure derivative) is 
double (6 dB more than) that due to the talker alone at this 
location. 

[00115] Acceleration is a vector. The magnitude represented 
by each contour is the amplitude of the component of 
acceleration in the direction parallel to the line TL. Each 
contour is a cross-section through a surface of revolution 
around the line TL, At the midpoint (0,, 0) the acceleration 
with both talker and loudspeaker is twice (6 dB) what it would 
be at that same location with just the talker alone. 

[00116] The numerals adjacent the curves represent a 
comparison between the level of acceleration or pressure 
derivative that occurs with the talker and the loudspeaker 
together, as compared to the talker alone at the point (0,0). 
For example, anywhere along the contour marked 4, the 
acceleration is 4 dB greater than (about lO'^^o^^ g times ) what 
it would be measured at (0,0) if the loudspeaker were not 
present. If the microphone array is placed directly on the line 
between the talker and the loudspeaker, at the point (0,0), the 
increase in acceleration level over what would be produced by 
the talker alone at (0,0) is about 6 dB, which translates to a 
signal gain of about two times (the acceleration is doubled) . 
Thus, a microphone array placed along a contour 4, records 
acceleration 2 dB less than what it would be if optimally 
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placed halfway between the talker and loudspeaker at (0,0). 
The midpoint (0,0) is considered to be an optimal placement 
even though the signal gain is not at a maximum because the Ap 
field is much more uniform around this point than it is around 
regions of higher acceleration, such as along the cuirves for 7 
or 8 dB increase. Thus, the (0,0) position is optimal because 
it is less sensitive to errors in array placement. 

[00117] The region within the dashed rectangle Q represents a 
cylinder within which the acceleration is within ±2 dB of the 6 
dB value of the midpoint (0,0). The dashed rectangle exhibits 
a ratio that is within ±2 dB of the maximum, which, as 
illustrated, is 6 dB, at the center (i.ei, from 4 to 8 dB) . The 
rectangle Q gives an idea of how accurately the microphone pair 
must be placed relative to the best location so that 
significant enhancement in sensitivity as a telephone 
transducer is achieved as compared to a talker alone.' 

[00118] The relative magnitude of acceleration is important 
because, as has been noted, variations in acceleration can be 
used as a surrogate for variations in the pressure produced by 
the talker, which surrogate can be measured, transduced into an 
electromagnetic signal, and transmitted by the device as the 
outgoing voice signal. If the acceleration is larger than 
would exist with the talker alone, then the opportunity exists 
to use a signal that is large, and can exhibit an improved 
signal to noise ratio. 

Maintaining t alker privacy and reducing bystander annoyance; 

[00119] As noted, the source of sound for leakage away from a 
device of an invention herein, is the total volume velocity due 
to both the talker 206 and the loudspeaker 212. These sources 
are close in location, but not identical in location, to the' 
microphone array 208 (e.g. a pair) that senses the disturbance 
from ambient sound. Therefore there is not perfect reciprocity 
between immunity from ambient sound and reduction of sound 
radiation away from the transducer 200. This is especially so 
at higher frequencies above the range of speech, where the 
wavelengths of sound will be comparable to or smaller than the 
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spacing d between talker and loudspeaker. That can mean that 
optimization for immunity from ambient noise and optimization 
for privacy (reduction in radiated sound) may not be equally 
effective over the entire frequency range of interest. Ambient 
noise is likely to have much more high frequency content than 
the speech signal from the talker. The reduction in ambient 
sound will not be as great as the reduction in radiated speech 
sound and the improvement in privacy. However, this high 
frequency ambient noise can be filtered out from the signal to 
be transmitted (in the amplifier 556 for example) without 
affecting the voice transmission. 

[00120] Since the longer wavelength (lower frequency) sounds 
between 200 and 3000 Hz are of concern for privacy immunity and 
the concern for ambient noise may concentrate on slightly 
higher frequencie.s (1500-5000 Hz), a choice of processing 
routine to deal with both is possible. Tests using a physically 
relatively large implementation showed a significant reduction 
in leakage sound radiated and a simultaneous increase in 
desired signal from the microphone pair. 

Other Considerations 

[00121] If the loudspeaker is absorbing the volume flow 
generated by the talker and the local pressure is reduced, one 
might question whether the talker will be able to hear his/her 
own voice. In fact, the talker can hear his/her own voice even 
if the radiated sound is eliminated, because much of what a 
talker hears as the talker's own speech is due to tissue and 
bone conduction within the talker's head, and not due only to 
the sound traveling through the air to the talker's ears. 

[00122] A related invention uses only one microphone, rather 
than two or more, as shown in Fig. 7. The apparatus is 
basically the same as that shown in Fig. 2, except that one of 
the microphones has been eliminated, and no array is indicated, 
as there is only one microphone 710. This embodiment can be 
used for a transducer with enhanced privacy, but without the 
rejection of acoustic background noise provided with an array 
of two or more microphones. In this case, the loudspeaker 712 
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is controlled to significantly reduce the pressure signal p 
measured at that lone microphone 710. Thus, the above 
discussion is applicable, but Pt is equal to p. However, the 
discussion regarding reducing or minimizing Pt=p is applicable. 
It is not possible to measure the derivative of the pressure, 
because there is only one microphone. The signal to be 
transmitted would be taken from the signal provided to the 
loudspeaker 712. Such a system provides some privacy 
(reduction of radiated sound, RS) but would not reject ambient 
noise (because p alone has no directional sensitivity) , 

[00123] It is also possible to provide one or more user 
operated controls that allow the user to manually change the 
loudspeaker output signal, to improve upon performance, either 
regarding radiated sound or immunity from ambient background 
noise, or both. Such a control can be a simple amplitude 
control, or it might also provide control over the phase, and 
even may be frequency specific for amplitude and phase. In 
particular, it could also allow changing the proportionality 
factor for the loudspeaker, as compared to the talker alone. 
The mechanism can be a wheel or two direction hold down switch. 

[00124] As mentioned above, a theoretical basis for 
inventions disclosed herein is that one can enhance 
acceleration between the talker and the loudspeaker, and 
thereby reduce radiated sound. To do so requires knowing 
something about acceleration of the sound medium particles in 
the region between the talker and the loudspeaker. Much of the 
above discussion pertains to using an array of pressure sensors 
to estimate a derivative of sound pressure, and from that 
estimated derivative, to infer acceleration, based on the 
proportional relation between pressure derivative and air 
particle acceleration. 

[00125] As has been mentioned, rather than using pressure 
sensors, to get the acceleration, one can measure acceleration 
directly. In that case, an acceleration sensor such as a laser 
doppler sensor could be used. This can be a single 
acceleration sensor, or an array of acceleration sensors. if 
an acceleration sensor or sensors is used, the above equations 
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can be used to determine the appropriate signal to drive the 
loudspeaker. The goal is still to enhance acceleration, and to 
reduce pressure attributable to the talker. It is not 
necessary to use two pressure sensors to estimate a derivative. 
More than one pressure sensor are still used to establish 
directional sensitivity with respect to acoustic background 
noise. With the system that makes a direct measurement of the 
acceleration, it is still useful to use two or more microphones 
for directional sensitivity. Comparison of a to a threshold 
e is still made. The signal that drives the loudspeaker is 
proportional to acceleration. There remain two choices for 
what signal to transmit, those being the input to the ' ' 

loudspeaker and the acceleration measured by the acceleration 
sensor . 

[00126] The foregoing discussion has been largely limited to 
transducing human speech with a frequency range of between 
approximately 200 to approximately 3000 Hz, However, the same 
principals can be applied to transducing other sound 
production. For instance, if it is desired to transduce very 
low frequency acoustic waves', such as whale sound production, 
while achieving the other goals of the inventions hereof, 
namely not being sensitive to backgroiand noise,, and reducing 
radiation of the sound being produced by the subject, then a 
much lower frequency range, or lower limit would apply, as can 
be implemented by a person of ordinary skill in the art. 
Conversely, if sound production at a higher frequency range, 
such as the sounds produced by bats, is of interest, then the 
range would extend to much higher, as appropriate. 

[00127] There may also be other applications where the source 
of interest to be transduced and transmitted, without 
interference from acoustic background noise, and without 
generating sound that radiates away from the source, is not a 
talker. Such other sources include animals, such as whales and 
bats, or any acoustic source that it is desired to monitor. 
Thus, as the word talker is used herein and in the claims, it 
will be xinderstood to also mean, if appropriate, any such 
source that is desired to be transduced. Thus, the word talker 
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can be considered to be interchangeable with the phrase 
acoustic source, in general. 

[00128] using a local loudspeaker to enhance output of a 
pressure transducer, or acceleration sensor, is an invention 
hereof . 

[00129] It is also of interest to note that wavelengths of 
sound transmitted in other media, such as water, may be 
generally longer than their counterparts for- the same frequency 
in air. Thus, an apparatus that embodies the principles of 
inventions hereof to be used in water need not have its 
components located as closely to each other as would an 
apparatus for use in air, to have the components spaced closer 
than 1/6-1/3 the smallest wavelength of interest. 

Partial Summary 

[00130] A new transducer is disclosed herein for sensing 
sounds produced by a talker by measuring the acceleration of 
the air at the transducer. Further, enhancement of this 
acceleration is accompanied by reduction of the portion of the 
sound energy that escapes from the regions around the 
transducer. The result is a high sensitivity transducer, with 
increased privacy as a result of the reduction in radiated 
sound, with significant advantages for use in communication 
systems, especially cell phones and in a multi-person office 
environment. A pressure sensor array with a weighted output is 
designed to as much as possible be sensitive to soxind from a 
source talker only, and not to acoustic background noise, and 
not to a loudspeaker. The weighted signal is a talker sum 
pressure signal. The array also produces a signal (using a 
different weighting) that corresponds to an estimate of a 
derivative of pressure. The derivative signal is proportional 
to the volume velocity fluctuations produced by the source. 
This signal is enhanced, rather than reduced, by other 
operations of the transducer. Thus, it is a strong signal. The 
other operations are that a loudspeaker is driven to make the 
talker sum pressure signal that corresponds to the source 
talker as small as desired. In order to do that, it must be 
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that the loudspeaker is being driven such that the volume 
velocity fluctuations produced by the loudspeaker are 
approximately equal and opposite to the volume velocity 
fluctuations produced by the source talker. Thus, no 
compression of the air arises, and no sound is radiated into 
the far field. All of this happens because the system is 
driven to reduce the talker pressure sum signal to below a 
desired threshold. It is not necessary to directly measure the 
volume velocity fluctuations of the talker source. 

[00131] Rather than a talker, the inventions disclosed herein 
can be used with other acoustic sources, including animals, 
such as whales, birds and bats, speakers and singers with 
microphones and public address systems, etc, 

[00132] Inventions disclosed and described herein include 
apparatus for transducing speech and transmitting that speech 
to a distant location, such as by telephone or radio, while 
also producing a local acoustic signal, or sound waves, that 
enhance the privacy of the talker by reducing the radiation of 
sound from the talker. Within the apparati disclosed are sub- 
combinations of elements that may be distinct inventions. Also 
disclosed are methods for transducing speech and other acoustic 
signals, and generating a high quality signal for transmission 
that is relatively immune to acoustic background noise, and 
which does not radiate in the local environment in which it is 
produced . 

[00133] Thus, this document may disclose several related 
inventions . 

[00134] One invention disclosed herein is an apparatus for 
transducing an acoustic signal produced by a source, the signal 
having a frequency within a range from a low to a high, and 
corresponding wavelength within a range from a long to a short. 
The apparatus comprises: an array of at least two pressure 
sensors spaced apart along a sensor axis and located at an 
array location; and a loudspeaker that is configured to output 
sound waves in response to an input, at a loudspeaker location 
that is on the sensor axis. A first signal processor, coupled 
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to an output from the array of pressure sensors, is configured 
to generate a signal that corresponds to an estimate of a 
pressure derivative approximately along the sensor axis, at the 
array location. A second signal processor, having an input that 
is coupled to an output of the first signal processor, and 
having an output that is coupled to the loudspeaker input, is 
configured to generate an output signal that is proportional to 
the estimate of derivative signal. 

[00135] Such an apparatus may further comprise: a third 
signal processor, coupled to an output from the array of 
pressure sensors, configured to generate a signal that 
corresponds to a weighted source pressure sum; and a 
comparator, coupled to an output of the third signal processor 
that generates the weighted pressure sum signal, configured to 
generate a pressure sum error signal that 'corresponds to 
whether the pressure sum signal is less than a threshold signal 
e. A fourth signal processor, coupled to an output of the ' 
comparator, is configured to generate a coefficient signal 
based on the pressure sum error signal, which coefficient 
signal is input to the second signal processor, which is 
further configured to generate an output signal that is 
proportional to the estimate of derivative signal, with a 
proportionality that is based on the coefficient signal. 

[00136] For a related variation, the fourth signal processor 
is configured to generate a coefficient signal that results in 
the pressure sum being no greater than the threshold signal e. 
The pressure svm may be a siam of equally or unequally weighted 
outputs of sensors of the array. The weighting may also be a 
frequency based weighting. 

[00137] In accord with a related embodiment, the weighted 
pressure sum is chosen to establish a directional sensitivity 
to the pressure sensor array to discriminate in favor of sound 
coming from the direction of the source input portion. The 
directional sensitivity may be any suitable superdirective 
sensitivity, such as a cardioid, or such as is illustrated with 
reference to Fig. 12. 
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[00138] According to a typical embodiment, for most cases, 
there is a source input portion, the pressure sensor array and 
loudspeaker being arranged such that the loudspeaker is more 
distant from the source input portion than is the array. It is 
beneficial that the sensors of the array be located close 
enough to each other that inertial effects of the medium 
dominate the pressure difference between elements. This 
distance is no more than approximately 1/3 of a wavelength of 
the shortest wavelength of interest, and preferably no more 
than 1/6 of a wavelength. It is also beneficial for the 
loudspeaker to be within this distance from the sensor array. 
It is beneficial, although not as important, for the 
source/talker input portion (and thus the source/talker, when 
in use) to be within this distance from the sensor array. 

[00139] According to still another embodiment, the apparatus 
is configured such that the signal generated by the second 
signal processor is also such that while a source produces, 
sound waves at the source input portion, any sound pressure 
that radiates away from the source and apparatus is less than 
sound pressure that would be radiated away, attributable to the 
source alone, in the absence of the loudspeaker. Preferably, 
the sound pressure that radiates away from the source is 
related to the sound pressure relative to the talker alone 
approximately as shown with reference to Fig. 13, which 
represents a nearly ideal case. Thus, in general, the sound 
that radiates away from the combination of an invention hereof 
may be more than that shown in Fig. 13, but still less than 
that which would radiate away from a talker, or other source, 
alone. Perhaps more concretely, the signal generated by the 
second signal processor also is such that any sound pressure 
that radiates away between 1 and 10 feet (10.5 cm and 3.0m) 
from the source and apparatus is less than would be any 
radiated sound pressure attributable to the source alone, in 
the absence of the loudspeaker, at corresponding distances. 

[00140] Yet another embodiment of an invention hereof is an 
apparatus as stated above, in which the second signal processor 
is configured to generate a signal to drive the loudspeaker to 
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draw in volume velocity fluctuations approximately equal to any 
volume velocity fluctuations produced by a source alone. 

[00141] still another embodiment of an invention hereof has 
the signal generated by the second signal processor also being 
such that a magnitude o£ the pressure derivative along the 
array axis at the array exceeds that which would be 
attributable to the source alone, in the absence of the 
loudspeaker. 

[00142] For a commonly useful embodiment, the pressure 
sensors are microphones. 

[00143] According to another embodiment, for use in water or 
other liquid, the pressure sensors may be hydrophones . 

[00144] Typically, with many embodiments, the loudspeaker 
outputs sound waves that a:^e out of phase relative to the 
source. 

[00145] It is helpful for some embodiments that the pressure 
sensors output be saxopled at a frequency greater than 
approximately 2.4 times the high frequency of the range and in 
cases establishing a superdirectivity greater than 
approximately 6 times the highest frequency of the range. 

^ 

[00146] A frequency range of great interest is that of human 
speech, which is between approximately 200 - 3000 Hz. 

[00147] According to one embodiment, an output of the 
apparatus is taken from the input to the loudspeaker. According 
to another embodiment, an output is taken from the output of 
the processor that generates an estimate of sound pressure 
derivative . 

[00148] According to various embodiments, the output may be 
coupled to a telephone signal generator, either a land-line 
or a cellular telephone signal generator, or a radio frequency 
signal generator, or a wireless or wired microphone that is 
part of a public address system. 
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[00149] Some preferred embodiments include a shroud to 
improve performance in the presence of turbulence. Others may 
include a user operable control, to vary the amplitude or the 
phase of the loudspeaker output, relative to the source, 
together or separately. 

[00150] Still another embodiment, more specifically 
characterized for use as a telephone, is a telephone handset 
for transducing a talker's speech, into a telephone 
transmission, the handset comprising: a housing having a talker 
signal input portion; an array of at least two pressure 
sensors, spaced apart along a sensor axis that passes through 
the talker signal input portion, arranged at an array location; 
and a loudspeaker at a loudspeaker location that is on the 
sensor axis and more distant from the talker signal input 
portion than it is from the array location. A first signal 
processor, coupled to an output from the array of pressure 
sensors, is configured to generate a signal that corresponds to 
an estimate of a pressure derivative approximately along the 
sensor axis, at the array location. A second signal processor, 
having an input that is coupled to an output of the signal 
processor that generates an estimate of derivative signal, and 
having an output that is coupled to the loudspeaker input, is 
configured to generate an output signal that is proportional to 
the estimate of derivative signal. 

[00151] A related telephone embodiment also includes: a third 
signal processor, coupled to an output from the array of 
pressure sensors, configured to generate a signal that 
corresponds to a weighted talker pressure sxun; and a 
comparator, coupled to an output of the third signal processor 
that generates the weighted pressure sum signal, configured to 
generate a pressure sum error signal that corresponds to 
whether the pressure svim signal is less than a threshold signal 
e. A fourth signal processor, coupled to an output of the 
comparator, is configured to generate a coefficient signal 
based on the pressure sum error signal, which coefficient 
signal is input to the second signal processor, which is 
further configured to generate an output signal that is 
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proportional to the estimate of derivative signal, with a 
proportionality that is based on the coefficient signal. 

[00152] In manners similar to that mentioned above for more 
generally described embodiments, the fourth signal processor of 
a telephone embodiment may also be configured to generate a 
coefficient signal that results in the pressure sum being no 
greater than the threshold signal e. The pressure sum may be 
weighted, equally or unequally, and frequency dependent. 
Further, any weightings may be set to establish a directive 
sensitivity that discriminates in favor of sound coming from 
the direction of the talker, by a supersensitivity, such as a 
cardioid, or as shown in Fig. 12. 

[00153] According to many telephonic embodiments, * the handset 
includes a talker input portion, a sensor array, and a 
loudspeaker, all along a sensor axis, with the array located 
between the input portion and the loudspeaker, and with the 
relevant elements spaced from each other within 1/3, or 
preferably 1/6 of the smallest wavelength of interest. The 
frequency range of interest is that of human speech. 

[00154] With a particularly advantageous embodiment, the 
handset is configured such that the signal generated by the 
second signal processor is such that while a talker speaks at 
the talker input portion, any sound pressure that radiates away 
from the talker and handset is less than pressure that would be 
radiated away, attributable to the talker alone, in the absence 
of the loudspeaker. In an ideal case, the degree of reduction 
in radiated sound approaches that illustrated with reference to 
Fig. 13. In general, the signal generated by the second signal 
processor is such that any sound pressure that radiates away 
between 1 and 10 feet (10.5 cm and 3.0m) from the talker and 
handset is less than would be any radiated sound pressure 
attributable to the talker alone, in the absence of the 
loudspeaker, at corresponding distances. 

[00155] According to still another embodiment of a handset 
invention, the signal generated by the second signal processor 
also is such that results in a magnitude of the pressure 
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derivative along the array axis at the array exceeding what 
would be a magnitude of a pressure derivative along the array 
axis at the array attributable to the talker alone. 

[00156] For yet another telephone embodiment of an invention 
hereof, the second signal processor is configured to generate a 
signal to drives the loudspeaker to draw in volume velocity 
fluctuations approximately equal to any volume velocity 
fluctuations produced by a talker alone, 

[00157] Any of the foregoing telephone embodiments may have 
their output signal that is to be transmitted taken from the 
input to the loudspeaker, or from a signal processor that 
generates an estimate of pressure derivative from inputs from 
the microphone array. They may also include a shroud, and/or a 
user operable magnitude and phase control for the loudspeaker. 

[00158] Another embodiment that is preferred is an apparatus 
for transducing an acoustic signal produced in an acoustic 
medium by a source, the apparatus comprising: an acceleration 
sensor, located at a sensor location, arranged to sense 
acceleration of the medium, along a line and to generate a 
signal that corresponds to acceleration of the acoustic medium 
along the line; a loudspeaker at a loudspeaker location that is 
spaced from the sensor location along the line,- and an 
amplifying signal processor, having an input that is coupled to 
the acceleration sensor, which amplifying signal processor is 
coupled to an input of the loudspeaker, and configured to 
generate an output signal that is proportional to the 
acceleration signal. 

[00159] The acoustic medixam acceleration sensor may comprise 
any suitable sensor, such as a laser Doppler 'sensor or an array 
of pressure sensors and a derivative sum signal processor, 
coupled to the array, configured to generate a signal that is 
proportional to an estimate of a derivative of pressure along 
the line. 

[00160] If an acceleration sensor is used, this embodiment 
may also comprise: an array of at least two pressure sensors 
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spaced apart along a sensor axis and located at an array 
location that is spaced from the loudspeaker location along the 
line; and a s\im signal processor, coupled to an output from the 
array of pressure sensors, configured to generate a signal that 
corresponds to a weighted source pressure siom. A comparator, 
coupled to an output of the sum signal processor that generates 
the weighted pressure sxim signal, is configured to generate a 
pressure sum error signal that corresponds to whether the 
pressure sum signal is less than a threshold signal e. A 
coefficient signal processor, coupled to an output of the 
comparator, is configured to generate a coefficient signal 
based on the pressure sum error signal, which coefficient 
signal is input to the amplifying signal processor, which is 
further configured to generate an output signal that is 
proportional to the estimate of derivative signal with a 
proportionality that is based on the coefficient' signal . If an 
array of pressure sensors i^ used to sense acceleration, then 
that same array can be used also as described in this 
paragraph, typically with different weightings. 

[00161] A variation of an acceleration measuring embodiment 
is further configured such that the signal generated by the 
amplifying signal processor also is such that while a source 
generates soiand at the source input portion, any sound pressure 
that radiates away from the source and apparatus is less than 
sound pressure that would be radiated away, attributable to the 
source alone, in the absence of the loudspeaker. Fig. 13 shows 
approximately a best case that can be achieved, and variations 
of this embodiment may achieve similar results, to a lesser 
degree . 

[00162] Still another embodiment described in terms of 
measuring acceleration has an amplifying signal processor also 
configured such that the medium acceleration along the line 
exceeds what would be a magnitude of medium acceleration along 
the line attributable to the source alone, in the absence of 
the loudspeaker. 

[00163] It is also an embodiment described in terms of 
measuring acceleration, where the amplifying signal processor 
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is configured to generate a signal to drive the loudspeaker to 
draw in voliame velocity fluctuations approximately equal to any 
volxune velocity fluctuations produced by a source alone. 

[00164] The sensors that measure pressure can be microphones 
or hydrophones or any appropriate pressure transducer. 

[00165] Still another preferred embodiment of inventions 
hereof is an apparatus for transducing an acoustic signal 
produced by a source, the signal having a frequency within a 
range from a low to a high, and corresponding wavelength within 
a range from a long to a short, the apparatus comprising: an 
array of at least two pressure sensors spaced apart along a 
sensor axis and located at an array location; and a 
loudspeaker, at a loudspeaker location that is on the sensor 
axis. A first signal processor, coupled to an output from the 
array of pressure sensors, is configured to generate a signal 
that corresponds to an estimate of a pressure derivative 
approximately along the sensor axis, at the array location. A 
second signal processor, having an input that is coupled to an 
output of the first signal processor that generates an estimate 
of pressure derivative signal, and having an output that is 
coupled to the loudspeaker input, is configured to generate an 
output signal that causes the loudspeaker to draw in 
approximately any voliame velocity fluctuations that are 
produced by the source. 

[00166] Such an apparatus that draws in approximately equal 
volume velocity fluctuations may further comprise: a third 
signal processor, coupled to an output from the array of 
pressure sensors, configured to generate a signal that 
corresponds to a weighted source pressure sum; and a 
contparator, coupled to an output of the third signal processor 
that generates the weighted pressure sum signal, configured to 
generate a pressure sum error signal that corresponds to 
whether the pressure sxm signal is less than a threshold signal 
6. A fourth signal processor, coupled to eui output of the 
comparator, is configured to generate a coefficient signal 
based on the pressure siom error signal, which coefficient 
signal is input to the second signal processor, which is 
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further configured to generate an output signal that is 
proportional to the estimate of derivative signal with a 
proportionality that is based on the coefficient signal. 

[00167] Variations on this embodiment that draws in 
approximately equal volume velocity fluctuations include 
similar variations to those discussed above, such as means for 
comparing a source pressure sum to a threshold e, using equal, 
or imequal weightings, arranging all such that sound radiating 
away from the apparatus is less than that which would radiate 
away from a talker alone, etc, 

£00168] Still another preferred embodiment is an apparatus 
for transducing an acoustic signal produced by a source, 
comprising: an array of at least two pressure sensors spaced 
apart along a sensor axis and located at an array location; a 
loudspeaker that is on the sensor axis; and a first signal 
processor, coupled to an output from the array of pressure 
sensors, configured to generate a signal that corresponds to an 
estimate of a pressure derivative approximately along the 
sensor axis, at the array location. A second signal processor, 
having an input that is coupled to an output of the first 
signal processor that generates an estimate of pressure 
derivative signal, and having an output that is coupled to the 
loudspeaker input, is configured to generate an output signal 
that causes the loudspeaker to generate a signal which, in 
combination with the source signal, approximates an acoustic 
dipole. 

[00169] Even another preferred embodiment is an apparatus for 
transducing sound produced by a source at a source location, 
comprising: at least one sensor for measuring an acoustic 
parameter that corresponds to the sound produced by the source, 
and generating a signal that corresponds to the measurement; a 
plurality of sensors for measuring a second acoustic parameter 
in a plurality of instances, and generating signals that 
correspond to each instance. A signal processor is configured 
to generate a weighted combination of the signals that 
correspond to each instance of the second parameter, the 
weighting being chosen to establish a directional acoustic 
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sensitivity that discriminates in favor of sound coming from 
the direction of the source location. There is also means for 
controllably, variably, augmenting the first acoustic parameter 
to reduce the second acoustic parameter below a threshold. 

[00170] A related embodiment to that just mentioned is an 
apparatus for transducing sound produced by a talker 
comprising: an array of at least two pressure sensors spaced 
apart along a sensor axis and located at an array location- a 
loudspeaker, at a loudspeaker location that is on the sensor 
axis/ and a signal processor, coupled to an output from the 
array of pressure sensors, configured to generate a signal that 
corresponds to an estimate of pressure derivative, 
approximately along the sensor axis, at the array' location. A 
signal processor, coupled to an output from the array of 
pressure sensors, is configured to generate a signal that 
corresponds to a weighted sum of an acoustic parameter at the 
array location, the weighting chosen to establish a directional 
sensitivity to the pressure sensor array to discriminate in 
favor of sound coming from the direction of the talker A 
comparator, coupled to an output of the signal processor that 
generates a weighted sum signal, is configured to generate an 
error signal that corresponds to a difference between the 
weighted sum of the acoustic parameter and a threshold e. A 
signal processor is configured to generate a coefficient signal 
based on the error signal, which coefficient signal is input to 
a signal generator. The signal generator is coupled to an 
output of the comparator, and an output of the signal processor 
that generates an estimate of derivative signal. The signal 
generator is also coupled to an input of the loudspeaker, and 
IS configured to generate an output signal that: is 
proportional to the derivative signal with a degree of 
proportionality that is based on the coefficient signal; and 
results in the weighted sum of the acoustic parameter being no 
greater than the threshold e. 

£00171] A final preferred apparatus embodiment is an 
apparatus for transducing an acoustic signal produced by a 
source, comprising: a pressure sensor located at a sensor 
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location, on a sensor line from a source input portion, which 
sensor is configured to generate a signal that is proportional 
to sound pressure; and a loudspeaker at a loudspeaker location 
that is on the sensor line. A first signal processor, has an 
input that is coupled to the pressure sensor and an output 
signal that is proportional to the pressure signal. The output 
signal is coupled to; the loudspeaker input; and a comparator, 
configured to generate a pressure error signal that corresponds 
to whether the pressure signal is less than a threshold signal 
8. A second signal processor, coupled to an output of the 
comparator, is configured to generate a coefficient signal 
based on the pressure error signal, which coefficient signal is 
input to the first signal processor, which is further 
configured to generate an output signal that is proportional to 
the pressure signal with a proportionality that is based on the 
coefficient signal . 

[00172] Turning now to preferred embodiments of methods of 
inventions hereof, one is a method for transducing an acoustic 
signal produced in an acoustic medium by a source at a source 
location, the signal having a frequency within a range from a 
low to a high, and .corresponding wavelength within a range from 
long to short. The method comprises the steps of: measuring 
sound pressure at at least two locations along a sensor axis 
that passes through the source location, at an array location, 
spaced from the source location; based on the measured sound 
pressure, estimating a sound pressure derivative along the 
sensor axis at the array location, and generating a signal that 
is proportional thereto. The method also comprises driving a 
loudspeaker, located on the sensor axis, spaced away from the 
source location farther than is the array location, with a 
signal that is proportional to the estimated sound pressure 
derivative signal . 

[00173] The step of measuring sound pressure may comprise 
measuring sound pressure with an array of at least two pressure 
transducers . 



[00174] A further preferred embodiment includes the steps of 
generating a sicrnal that comprises a source pressure sum of 
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outputs from the array of pressure sensors; and generating a 
coefficient signal, based on the source pressure s\im signal. 
The step of driving the loudspeaker comprises driving the 
loudspeaker with a signal having a degree of proportionality 
relative to the estimated pressure derivative, that is based on 
the source pressure sixm signal. 

[00175] With this embodiment, the step of generating a signal 
that comprises a source pressure sum may comprise generating a 
weighted source pressure sum of outputs from the array of 
pressure sensors, further comprising the steps of: comparing 
the weighted source pressure sum to a threshold signal e; 
generating a pressure sum error signal that corresponds to 
whether the pressure sum signal is less than the threshold 
signal; and generating a coefficient signal, based on the 
pressure sum error signal . The step of driving the loudspeaker . 
comprises driving the loudspeaker with a signal having a degree 
of proportionality relative to the estimated pressure 
derivative, that is based on the pressure sum error signal. 

[00176] The step of generating a weighted source pressure sum 
may use equal or unequal weightings, or frequency dependent 
weightings . 

[00177] The step of generating a coefficient signal may 
comprise generating a coefficient signal that causes the 
loudspeaker to be driven such that the pressure sum signal is 
less than the threshold signal. 

[00178] With the foregoing, the step of generating an 
unequally weighted source pressure s\jaa may comprise generating 
a source pressure svmi chosen to establish a directional 
sensitivity to the pressure sensor array to discriminate in 
favor of sound coming from the direction of the source 
location. The directional sensitivity may be a 

superdirectivity, such as a cardioid, or such as is illustrated 
with reference to Fig. 12. 

[00179] According to a related embodiment, the step of 
driving a loudspeaker further comprises driving a loudspeaker 
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with a signal that results in any total sound pressure that 
radiates away from the source and loudspeaker being reduced to 
less than any sound pressure that would be radiated, 
attributable to the source alone, in the absence of the 
loudspeaker. In an ideal case, the degree to which radiated 
sound is reduced is illustrated with reference to Fig. 13, 
which gives an idea of the interplay among the parameters that 
govern such reduction and the maximum reduction that can be 
achieved. 

[00180] Still another related embodiment of a method hereof 
comprises the step of driving a loudspeaker with a signal that 
results in a magnitude of the pressure derivative along the 
sensor axis at the array location exceeding that which would be 
attributable to the source alone, in the absence of the 
loudspeaker . 

[00181] With a further related embodiment of a method hereof, 
the step of driving the loudspeaker comprises driving the 
loudspeaker with a signal that causes the loudspeaker to draw 
in volume velocity fluctuations approximately equal to any 
volume velocity fluctuations produced by the source alone. 

[00182] According to yet another preferred embodiment of a 
method hereof, the step of driving a loudspeaker further 
comprises driving the loudspeaker with a signal that causes the 
loudspeaker to generate sound waves which, in combination with 
any source signal, approximates an acoustic dipole. 

[00183] It is helpful according to all embodiments hereof 
that any step of measuring sound pressure comprise sampling 
sound pressure at a frequency greater than approximately 2.4 
times the high frequency of the range and in some cases, 
greater than approximately 6 times. 

[00184] Also, in connection with all method embodiments 
having an estimated derivative signal, there may be a step of 
generating, as an electronic output signal, a signal that is 
proportional to the estimated soxind pressure derivative signal. 
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[00185] According to various method embodiments hereof, there 
may be a step of generating an electronic output signal that 
may be a telephone signal, a cellular telephone signal, a radio 
frequency signal, or an electronic signal that is locally 
transmitted, such as by wireless or wired microphone to an 
amplifier . 

[00186] Another embodiment of an invention hereof is a method 
for transducing an acoustic signal produced in an acoustic 
medium by a specific acoustic source, namely a talker, the 
method comprising the steps of: measuring sound pressure at at 
least two locations along a sensor axis that passes through the 
talker location, at an array location, spaced from the talker 
location; and based on the measured sound pressure, estimating 
a sound pressure derivative along the sensor axis at the array 
location, and generating a signal that is proportional thereto. 
The method further comprises driving a loudspeaker, located on 
the sensor axis, spaced away from the source location farther 
than is the array location, with a signal that is proportional 
to the estimated sound pressure derivative signal . 

[00187] All of the variations of the more generally stated 
method for transducing a signal from a source, are appropriate 
variations of the embodiment for transducing a signal from a 
talker . 

[00188] Another embodiment of an invention hereof is a method 
for transducing an acoustic signal produced in an acoustic 
medium by a source at a source location, comprising the steps 
of: measuring acceleration of the acoustic medi-um along a line 
that passes through the source location, at a sensor location, 
spaced from the source location; and generating a signal that 
is proportional to the measured acceleration. Also part of 
this method is driving a loudspeaker, located on the sensor 
axis, spaced away from the source location farther than is the 
array location, with a signal that is proportional to the 
acceleration signal. 

[00189] With this method, the step of measuring acceleration 
may comprise the steps of: using an array of at least two 
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pressure sensors arranged along the line generating signals 
that correspond to pressure; and processing the signals that 
correspond to pressure to generate a signal that corresponds to 
an estimate of a derivative of pressure along the line. 

[00190] Alternatively, the step of measuring acceleration may 
comprise using a laser Doppler transducer. 

[00191] A related method further includes using an array of 
at least two pressure sensors (which may be the same as any 
array used to establish acceleration) spaced apart along a 
sensor axis that is collinear with the line, and located at an 
array location that is spaced from the loudspeaker location 
along the line, and generating a signal that corresponds to a 
weighted source pressure sum of outputs from the at least two 
sensors. The method further comprises comparing the weighted 
source pressure sum to a threshold signal 8 and, based on the 
comparison, generating a pressure sum error signal that 
corresponds to whether the pressure sum signal is less than the 
threshold. A coefficient signal is generated, based on the 
pressure sum error signal. The method also includes generating 
an output signal that is proportional to the estimate of 
derivative signal, with a proportionality that is based on the 
coefficient signal. 

[00192] In this method the step of driving the loudspeaker 
further may comprise driving the loudspeaker such that while a 
source generates sound, any sound pressure that radiates away 
from the source and the loudspeaker together is less than sound 
pressure that would be radiated away, attributable to the 
source alone. 

[00193] Also with this method, the step of driving the 
loudspeaker further comprises driving the loudspeaker such that 
while a source generates sound, a magnitude of the medium 
acceleration along the line exceeds what would be a magnitude 
of medium acceleration along the line attributable to the 
source alone. 
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[00194] In addition, in this method the step of driving the 
loudspeaker further comprises driving the loudspeaker to draw 
in volume velocity fluctuations approximately equal to any 
volume velocity fluctuations produced by a source alone. 

[00195] In any variation of this or any other method hereof, 
if appropriate, pressure may be measured by a microphone or a 
hydrophone, or other pressure transducer. 

[00196] Still one more embodiment of an invention hereof is a 
method for transducing an acoustic signal produced in an 
acoustic medium by a source comprising the steps of: measuring, 
at a sensor location spaced from the talker location, one of: a 
sound pressure derivative along a sensor axis; and acceleration 
of the acoustic medium along a sensor axis. The method also 
includes the step of driving a loudspeaker at a loudspeaker 
location on the sensor axis, spaced from the talker location 
farther away than is the sensor location, with a signal that is 
proportional to the one of a sound pressure derivative and 
acceleration of the acoustic medium, to draw in substantially 
all volume velocity fluctuations that are produced by the 
source . 

[00197] With this embodiment, the step of driving the 
loudspeaker may comprise the steps of: at the sensor location, 
measuring a sound pressure sum arriving at the sensor location 
from a direction of the source location; and repeatedly 
adjusting the degree of proportionality while the pressure sum 
is greater than a predetermined threshold.. 

[00198] In a similar but different embodiment, an invention 
hereof is a method for transducing an acoustic signal produced 
in an acoustic medium by a source comprising the steps of: 
measuring, at a sensor location spaced from the talker 
location, one of: a sound pressure derivative along a sensor 
axis; and acceleration of the acoustic medium along a sensor 
axis. The method further includes driving a loudspeaker at a 
loudspeaker location on the sensor axis spaced from the talker 
location farther away than is the sensor location, with a 
signal that is proportional to the one of a sound pressure 
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derivative and acceleration of the acoustic medium, such that, 
in combination, the loudspeaker and the source approximate an 
acoustic dipole. 

[00199]' The step of driving the loudspeaker may comprise the 
steps of: at the sensor location, measuring a sound pressure 
Sim arriving at the sensor location from a direction of the 
source location; and repeatedly adjusting the degree of 
proportionality while the pressure sum is greater than a 
predetermined threshold. 

[00200] A final invention hereof is a method of transducing 
an acoustic parameter comprising the steps of measuring the 
acoustic parameter with an array that has a directional 
sensitivity, which directional sensitivity is established by 
another acoustic parameter, which is reduced, and *in some cses 
even minimized, by other steps of the method. 

[00201] Many techniques and aspects of the inventions have 
been described herein. The person skilled in the art will 
understand that many of these techniques and aspects can be 
used with other disclosed techniques and aspects, even if they 
have not been specifically described in use together. For 
instance, the apparatus may be configured and methods may be 
conducted such that one or all, or any combination of the 
following are present or occur: loudspeaker draws in volume 
velocity fluctuations approximately equal to that produced by 
source; loudspeaker acts, in combination with source, as an 
approximate acoustic dipole; loudspeaker and source, in 
combination, radiate less total sound pressure into the near 
and far field than would the source alone; acceleration along a 
line between the loudspeaker and the talker is enhanced 
relative to the source alone; derivative of pressure along the 
line is also enhanced; pressure is reduced at the sensor array, 
as compared to the source alone; inertial effects dominate. 

[00202] In several cases, an ideal degree of an effect has 
been discussed, such as the degree of reduction in radiation 
shown with reference to Fig. 13, or that an approximate 
acoustic dipole is generated, or that inertial effects 



-61- 



wo 2004/095878 PCT/US2004/0 12363 

dominate. It will be vmderstood that the mention in the 
disclosure of a parameter limit, such as the spacing between 
components being less than 1/6 of a wavelength, or the degree 
of reduction in radiated sound approximating that shown in Fig, 
13, etc., are ideals, and that the inventors consider apparatus 
and methods to be an invention hereof if they embody the 
elements and steps as claimed, even if they do not meet these 
ideals, to the degree permitted by pertinent prior art, 

[00203] In general, most, if not all of the discussion that 
has been specific to human speech and telephonic devices and 
methods is generally applicable to any acoustic source 
operating in any medium, whether compressible or 
incompressible, and is considered to be an invention hereof, 
even if only described in connection with a talker and a 
telephone. 

[00204] Various functions and steps have been discussed as 
being performed by a signal processor or a signal generator. 
However, it may be that it is reasonable to combine all 
processing functions within a single processor, and that is 
also considered to be included in the description of the 
individual processors mentioned. Also, conversely, operations 
that are discussed as being conducted in a single processor may 
theoretically be performed in more than one processor, whose 
outputs are combined and directed such that they operate in 
consort. This also is considered to be included in the 
description of individual processors with discrete functions. 
Rather than processors, perse, hardwired, dedicated circuits 
may be developed to achieve many of the functions described 
herein, and those too are considered to be included within the . 
rubric of processor, 

[00205] This disclosure describes and discloses more than one 
invention. The inventions are set forth in the claims of this 
and related documents, not only as filed, but also as developed 
during prosecution of any patent application based on this 
disclosure. The inventors intend to claim all of the various 
inventions to the limits permitted by the prior art, as it is 
subsequently determined to be. No feature described herein is 
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essential to each invention disclosed herein. Thus, the 
inventors intend that no features described herein,' but not 
claimed in any particular claim of any patent based on this 
disclosure, should be incorporated into any such claim. 

[00206] some assemblies of hardware, or groups of steps, are 
referred to herein as an invention. However, this is not an 
admission that any such assemblies or groups are necessarily 
patentably distinct inventions, particularly as contemplated by 
laws and regulations regarding the number of inventions that 
will be examined in one patent application, or unity of 
invention. It is intended to be a short way of saying an 
embodiment of an invention. 

[00207] An abstract is submitted herewith. It is emphasized 
that this abstract is being provided to comply with the rule 
requiring an abstract that will allow examiners and other 
searchers to quickly ascertain the subject matter of the 
technical disclosure. It is submitted with the understanding 
that it will not be used to interpret or limit the scope or 
meaning of the claims, as promised by the Patent Office's rule. 

[00208] The foregoing discussion should be understood as 
illustrative and should not be considered to be limiting in any 
sense. While the inventions have been particularly ' shown and 
described with references to preferred embodiments thereof it 
will be understood by those skilled in the art that various 
changes in form and details may be made therein without 
departing from the, spirit and scope of the inventions as 
defined by the claims. 

[00209] The corresponding structures, materials, acts and 
equivalents of all means or step plus function elements in the 
claims below are intended to include any structure, material 
or acts for performing the functions in combination with other 
claimed elements as specifically claimed. 
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